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Relation Between Loudness and Masking* 


HARVEY FLETCHER AND W. A. MuNSON 
Bell Telephone Laboratories, New York, N. Y. 


(Received May 24, 1937) 


N a paper entitled ‘Loudness, Its Definition, 
Measurement and Calculation’! a method 

was given for calculating the loudness of a com- 
plex tone from its acoustic spectrum. Since that 
paper was written, we have had considerable 
experience in applying it to various types of 
sounds and find that it predicts results which 
agree with experiment for a very wide variety 
of sounds, particularly when the number of 
components is not large. When the sound has a 
large number of components, that is, when the 
spectrum approaches a continuous spectrum, the 
results calculated by this formula may give a 
resulting loudness which is somewhat greater 
than that observed. 

In sounds of the type where the components 
are closely spaced, the loudness contribution of 
one component depends to a large extent upon 
the masking effects of other components, and the 
situation can become exceedingly complex when 
the number of components is large. For this 
reason a computing method which deals with 
each component separately is always tedious and 


* Presented at the meeting of the Acoustical Society of 
America, Washington, May 4, 1937. 

1 Harvey Fletcher and W. A. Munson, ‘‘Loudness, Its 
Definition, Measurement and Calculation,” J. Acous. Soc. 
Am. 5, 82 (1933). 


may be inadequate when applied to sounds 
having a large number of components. In the 
present paper a quantitative relationship has 
been found between loudness and masking which 
has enabled us to develop a formula for calcu- 
lating the loudness of a sound. Although this 
formula seems to have a general application to 
all types of sounds, it is particularly well suited 
to the complicated types which approach a 
continuous spectrum where the previous loudness 
formula has doubtful application. The method 
can also be applied to single frequency tones, or 
sounds having only a few components, but in 
these cases it is more difficult to obtain the 
masking audiogram accurately. 

The masking audiogram, sometimes called the 
noise audiogram, is a curve which gives the 
number of db at each frequency, f, that the 
threshold level of a pure tone is shifted when 
heard in the presence of the noise. Let M be 
the ordinate of such a curve. Then at an abscissa 
corresponding to f, the ordinate, M, gives the 
difference between the threshold of hearing in the 
presence of the sound and in a quiet place. 

When masking occurs it is evident that the 
nerves along the basilar membrane are excited. 
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PERCENTAGE OF TOTAL DISTANCE 
FROM HELICOTREMA TO OVAL WINDOW 


Fic. 1. Relation between frequency and position on 
basilar membrane. 


The excitation is most where the masking is 
greatest. If we let F be excitation per unit of 
length at the position x, then it follows that the 
total excitation N is given by 


N= [ Feds, (1) 


where the integration extends over the entire 
length of the basilar membrane where the nerve 
endings are located. Now if we can identify 
excitation with loudness we will have the relation 


desired. 


RELATION BETWEEN FREQUENCY AND DISTANCE 
ALONG BASILAR MEMBRANE 


Consider a small patch of nerve endings 
located between x and x+dx where x is the 
position coordinate along the basilar membrane 
of the inner ear. According to the theory of 
hearing a pure tone having some frequency f 
will produce a maximum stimulation at the 
position x. 

Audiograms taken with persons whose hearing 
is below normal or with persons having normal 
hearing but immersed in a noise, show that 
below about 125 cycles the hearing loss is nearly 
uniform with frequency. This taken with other 
experimental data indicates that an exploring 
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tone of 125 cycles shows the state of agitation of 
the basilar membrane at the helicotrema. For 
exploring tones having higher frequencies a new 
position on the membrane is indicated. According 
to this point of view, below 125 cycles, the pitch 
must be determined by the time pattern in the 
brain. Above this the position of maximum 
stimulation changes with frequency and it is 
supposed that this change is the principal effect 
which enables one to perceive changes in pitch. 
Even for frequencies below 500 the masking 
curves indicate that the maximum response on 
the basilar membrane is very broad. So it would 
naturally be more difficult to detect a shift in 
the maximum. There is an indication that for 
these low pitched tones the time pattern is 
perhaps the major factor in detecting pitch. 
The data of Shower and Biddulph? and others 
indicate that the perceptible increment in pitch 
below 125 cycles is almost a constant number of 
cycles. This, it seems to us, is also evidence for 
the point of view just mentioned. 

For these reasons there is considerable un- 
certainty concerning the relation between f and 
x for the low frequencies. Available anatomical 
data also lead to the same conclusion. However, 
for the higher frequencies the method first sug- 
gested by Wegel and Lane’® enables one to find 
the position x of maximum response for each 
pure tone of frequency f. 

Recently these earlier predictions have been 
confirmed by animal experimentation and also 
from anatomical studies on human ears. Stein- 
berg* has made a study of all the data available 
on this subject and has given the relation shown 
by the curve of Fig. 1.* Let the relation between 
the position coordinate x and the frequency f be 
represented by the symbol S or 


x= S(f). (2) 


This relation will enable one to substitute the 
frequency f in place of the unknown x in Eq. (1) 
and also in the masking audiogram each fre- 


2E. G. Shower and R. Biddulph, ‘‘Differential Pitch 


Sensitivity,” J. Acous. Soc. Am. 3, 275 (1931). 
3R. L. Wegel and C. E. Lane, ‘‘Auditory Masking and 


“Dynamics of the Inner Ear,’”’ Phys. Rev. 23, 266 (1924). 


4 J. C. Steinberg, ‘‘Positions of Stimulation in the Cochlea 
by Pure Tones,” J. Acous. Soc. Am. 8, 176 (1937). 

* In Fig. 1 the position coordinate x is designated as the 
percentage of the total length of the membrane instead of 
distance in millimeters as in Steinberg’s paper. 
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quency is now identified with a_ particular 
position x on the basilar membrane. 

If we now assume that the ordinate M in the 
masking audiogram is a measure of the nerve 
excitation then the function F of Eq. (1) 
dependent only upon M and is the same for the 
same value of M regardless of the position 
coordinate x or the frequency f. 

This is equivalent to assuming that for each 
element of length dx along the basilar membrane 
there is sent to the brain the same element of 
loudness for every position along the membrane 
corresponding to equal ordinates in the masking 
audiogram. In our opinion, this element of loud- 
ness which is sent to the brain corresponds to 
the rate at which nerve impulses are sent from 
the element dx although the truth or falsity of 
this statement will not affect the application of 
our formula. 

It is doubtful if the function F is entirely 
independent of x since the nerve ending density 
is somewhat less near the two ends of the mem- 
brane than near the middle. However, it is 
difficult to make a proper interpretation of just 
how this would affect the above assumptions 
because the nerve endings are interconnected in 
a complicated manner. With these assumptions 
then, the loudness which we now identify as N 
can be calculated from the formula 


N= f F(M)-dx, (3) 


where F(./) is a function of M only. 

If we can now find the form of F as a function 
of M we shall have a complete solution of the 
problem. 

If M is constant over the portion of the mem- 
brane from x=1, to x=/2 and zero over the re- 
maining part, (3) becomes 


F(M)=N/(l2—h). (4) 


The function F(/) can then be determined from 
measurements of the loudness N of such a sound. 
No such sound can be obtained. The frequencies 
in an acoustic spectrum can be confined to a 
definite band, but the masking will always trail 
off gradually, especially above the frequency 
band. 

However, if we take a wide band of noise which 
covers practically the entire length of the mem- 
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brane the error introduced by not having M 
constant for a short distance will not be appreci- 
able. Such a sound was obtained by amplifying 
thermal noise and passing it through appropriate 
networks so the masking was approximately 
constant over a wide range of frequencies. 

The results of masking tests made at various 
intensity levels of this sound are shown in Fig. 2. 
The intensity levels, measured in db above 
10-'* watts per square centimeter are marked on 
the masking spectrums. As will be seen, the 
masking levels obtained are not uniform with 
frequency, particularly at the high intensities, 
but considering the experimental difficulties in- 
volved in making such measurements, we con- 
sider the data sufficiently accurate to determine 
the function F. The sounds used for the different 
intensity levels were obtained by altering only 
the attenuation in the amplifier circuits. To ob- 
tain a set of horizontal lines representing the 
equivalent constant masking for each curve, 
the following procedure was followed. The: 
average masking for each intensity was obtained 
by using only those observed points between 
200 and 10,000 cycles. The average values were 
plotted against the corresponding intensity 
levels, the resulting curve being shown in Fig. 3 
It is interesting to note that except for the lower 
intensity levels the increase in the masking is 
very nearly equal to the increase in intensity 
level. It will be seen later that at high levels 
the increase in the loudness level is also approxi- 
mately equal to the increase in intensity level. 
For these reasons, when a sound covers a wide 
frequency range, the increase in masking level 
is about equal to the increase in loudness level, 
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Fic. 2. Masking spectrums observed on a wide band of 
thermal noise. 
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V Fic. 3. Masking vs. noise intensity level. 

a fact which has been known from measurements 
on such sounds. 

From the relationship shown in Fig. 3 the 
uniform masking levels corresponding to each 
of the intensity levels were obtained and are 
shown by the solid lines in Fig. 2. The masking 
levels indicated by the solid lines were used in 
determining the function F. 

Loudness tests were made on these same 
sounds and the results are given in Fig. 4. 
Before these data can be used the loudness levels 
must be changed to loudness numbers. In our 
previous paper a relation for making this trans- 
formation was established and its fundamental 
nature pointed out. Since then tests by others 
have lent confidence to the use of the loudness 
function and the additional data have resulted 
in a more precise determination of its form. The 
loudness function® used in the present paper is 
shown in Fig. 5 and it takes into account all of 
the available data on the subject and differs 
slightly at high levels from the relation published 
in our previous paper. 

By means of the relation in Fig. 5, loudness 
levels were changed to loudness numbers, these 
numbers being identified with the value of N of 
Eq. (4). If, now, we can use a value for /2—1,, 
then the function F(M) can be determined from 
Eq. (4). As a first trial, /,.—1,; was taken as the 


5H. Fletcher, ‘‘Newer Concepts of the Pitch, Loudness 
and Timbre of Musical Tones,” J. Frank. Inst. 220, 405- 
429 (1935). 
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length of membrane corresponding to the fre- 
quency range from 200 to 10,000 cycles. Then 
using the function F, the loudness for the 
masking curves of Fig. 2 could be computed. 
In this way, by repeated trials, the best form of 
F was found which would give calculated results 
to make the best fit of the loudness data of 
Fig. 4. 

The final values for the function F(/) are 
shown in Fig. 6 and also in Table I. It will be 
remembered that F(M) is the loudness con- 
tributed per unit of length of the basilar mem- 
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Fic. 4. Results of loudness tests on wide band of thermal 
noise. 


brane. To avoid the difficulty of choosing a 
figure for the length of the membrane the unit 
was taken as one percent of the total length of 
the basilar membrane. The values of the function 
shown in Fig. 6 then give the loudness resulting 
from uniform excitation of one percent of the 
membrane. 

Both the loudness and masking tests were 
made with the automatic A—B testing apparatus 
described elsewhere.® For the loudness tests, 28 
observers were used and the standard deviation 
of a single observation was about 9 db. The 
masking tests were made with 8 observers and 
the standard deviations averaged about 4 db. 


6 J. C. Steinberg and W. A. Munson, ‘‘Deviations in the 
Loudness Judgments of 100 People.”’ J. Acous. Soc. Am. 8, 
71-80 (1936). 
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Method of making the calculation 


The following example will illustrate the 
method of using the function F(V) in calcu- 
lating the loudness of a sound from its masking 
audiogram. In Fig. 7 is shown a masking 
audiogram of the noise in a room in which 
typewriters were being operated. Starting with 
the frequency 125 cycles per second, the masking 
is 35 and the value of x is zero so the value of F 
corresponding to 35, namely 263, is plotted as 
ordinate at the point x=0 on Fig. 8. Similarly, 
a number of other frequencies are used for de- 
termining values of F until the resulting curve 
is determined. Such a curve is shown in Fig. 8. 
The area under this curve in terms of the units 
of the coordinate axes is then the loudness 
number N which we are seeking. Its value and 
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Fic. 5. Loudness vs. loudness level. 


the corresponding loudness level are shown in 
the figure. The procedure is simplified if the 
audiogram is plotted directly on the chart shown 
in Fig. 9 or Fig. 10. In these charts the numbers 
at the left give the masking in decibels. They 
are located so that the length of an ordinate 
corresponding to one of these numbers is pro- 
portional to the corresponding ordinate of Fig. 6. 
At the bottom of the charts the numbers repre- 
sent the frequency, and are so placed that the 


lengths of the abscissae are proportional to 
the corresponding abscissae of Fig. 1. An audio- 
gram is now plotted on one of these charts 
directly from the data, giving pairs of values of 
masking (/M) in decibels and frequency (f) in 
cycles per second. The area under the resulting 
curve is proportional to the loudness, the con- 
stant of proportionality depending upon the unit 
of area used. 

For accuracy the two charts shown in Figs. 9 
and 10 have been constructed, one for values of 
M from zero to 40; the other for values of M 
from zero to 80 db. For illustration purposes the 
audiogram of typewriter noise is plotted on this 
latter chart. 

The areas are conveniently measured by a 
planimeter. If this is used, the total area of the 
first chart corresponds to 37,000 and the second 
chart to 390,000 loudness units. These areas also 
are conveniently measured by a transparent 
chart which is divided uniformly. 


Comparison of observed and computed loudness 
levels 


Loudness and masking tests have been made 
on a number of sounds and a comparison will 
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Fic. 6. Values of the function F(M). 
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be shown of the loudness levels observed and 
computed from the masking audiograms by 
means of the loudness integral. The technique of 
making loudness tests has been described in 
considerable detail elsewhere, so will not be 
repeated here. The masking tests were similar to 
the loudness tests in that the observers listened 
to the sounds with receivers on both ears and the 
A-B (constant stimulus) method was used. 

In making a masking test on a noise at the 
frequency f, the observer first made a threshold 
test on the pure tone of frequency f with the 
noise turned off. Then the noise was turned on 
and the threshold repeated in the presence of the 
noise. Actually the noise was not on continually 
during the latter test but came on at intervals 
five seconds apart and stayed on for two seconds 
each time. The tone came on after the noise had 
been on for one second and was turned off shortly 
before the noise was stopped, so the tone was 
only presented in the presence of the noise. 
Each time the noise and tone came on the tone 
was at a slightly different level so that it varied 
above and below the observer’s threshold. The 
masking level was chosen as the point where the 
tone was audible 50 percent of the time. 

Subtracting the threshold level of the tone 
from the masking level gives the masking of 


TABLE I. Values of the function F(M). 
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M 0 10 so | @& 40 
| | 

0 0.01 | 15 i 370 
1 20 18 75 190 394 
2 70 21 83 207 418 
3 1.35 26 91 224 446 
+ 2.30 30 100 243 475 
5 3.60 35 111 263 506 
6 5.40 40 123 282 540 
7 7.20 47 135 | 304 572 
8 9.50 53 148 326 613 
9 12.30 60 162 348 653 
M 50 60 70 80 90 
0 695 1270 2300 3900 6200 
1 738 1350 2400 4100 6500 
2 786 1430 2550 4300 6800 
3 840 1510 2700 4500 7100 
4 890 1600 2850 4700 7400 
5 950 1700 3000 4950 7700 
6 1010 1800 3150 5150 8000 
7 1070 1900 3350 5400 8350 
8 1140 2020 3500 5650 8650 
9 1200 2150 3700 5920 9000 
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Fic. 7. Masking audiogram of a room noise. 


the noise at the frequency f. After the masking 
tests on a large number of sounds had been com- 
pleted, it was found that the thresholds taken 
with the noise off were close to the zero loudness’ 
contour line, so for the sake of uniformity this 
contour was chosen as the threshold for all tests. 
The masking audiograms were plotted then in 
terms of db above zero loudness instead of db 
above observed threshold. 

Results will first be given for various intensity 
spectra of thermal noise. In Fig. 11 the masking 
audiograms for narrow bands are given. The in- 
tensity level of the noise is marked on each 
audiogram. In the same figure a comparison of 
the calculated and observed loudness levels of 
these bands is shown. The agreement is good 
except for the high frequency band where in the 
middle range of intensities the calculated results 
are somewhat too high. Masking audiograms for 
thermal noise bands of intermediate widths are 
given in Fig. 12 and curves giving a comparison 
of observed and calculated results are shown also. 
In Fig. 13 is shown a comparison of observed and 
computed loudness levels for the very wide band 
from which the function F was determined. It 
would be expected that this agreement would be 
good, as is found in this curve. It is seen that 
there is a fairly good agreement for thermal 
noise bands of almost any width and in all 
frequency regions. As yet we have not applied 
this formula to many other types of noises. 
An extreme case would be the loudness of a 
single frequency tone since this is about as far 
removed from the wide band of thermal noise 
as can be. 


7 See reference 1, page 90. 
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TYPWRITER NOISE 
LOUDNESS = 37.400 
LOUDNESS LEVEL = 87 DB 














Fic. 8. Example of loudness computation. . 


In Fig. 14 is shown a comparison of calculated 
and observed results for 200, 1000 and 4000 cycle 
tones, and the masking audiograms are shown 
opposite, marked with the intensity levels of 
the tones. The observed levels, indicated by the 
dotted lines, are taken from the data on loudness 
contours.! The audiograms have recently been 
obtained by using a narrow band of thermal 
noise as an exploring tone. The previous data 
which have been given for the masking of single 
frequencies are very uncertain in the neighbor- 
hood of the masking tone principally because of 
beats. When a narrow band of thermal noise is 
used this uncertainty is less, but it is still difficult 
to determine accurately the masking in the 
neighborhood of the frequency of the masking 
tone. 

It is found that a better agreement between 
calculated and observed results for single fre- 
quency tones is obtained if the masking at the 
frequency of the masking tone is taken as about 
4 db below the level of the masking tone. This 
was done in the calculations for the three single 
frequency tones. The masking at other fre- 
quencies was that which was directly observed. 


CALCULATION OF THE MASKING AUDIOGRAM 
FROM THE INTENSITY SPECTRUM OF 
THE SOUND 


For some time the importance of being able to 
calculate the masking audiogram from the in- 
tensity spectrum of the sound has been recog- 
nized. Our attempts to find such a relationship 
for tones containing a small number of separate 
component tones have led to a great many 
difficulties and no relationship having a general 
application has yet been found. However, when 
the sound contains a large number of com- 
ponents, or has what is usually spoken of as a 


continuous spectrum, a satisfactory relationship 
has been found. This latter class of sounds 
includes a great majority of those sounds which 
are usually characterized as noises. Experiments 
were made to determine the masking effect of 
thermal noise upon pure tones. Measurements 
were made throughout the audible range of 
frequencies and intensities. It was found that a 
band of thermal noise approximately 200 cycles 
wide would produce about the same masking as 
a band of greater width provided the intensity 
per cycle was the same and that the masked 
tone was in the same frequency band as the 
noise. Consequently when the intensity spectrum 
of a sound spreads over a band width as wide 
as 200 cycles and its intensity level has been 
determined, its masking effect upon a single 
frequency tone within that band can be pre- 
dicted from these experiments. A summary of 
the results is shown in Fig. 15. These curves 
have been drawn after considering all of the 
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Fic. 9. Chart7for loudness computation. 
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Fic. 10. Chart for loudness computation. 
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Fic. 11. Masking audiograms and a comparison of 
observed and computed loudness levels for narrow bands 
of thermal noise. 


data which have been taken. They represent 
masking contours; for example, the curve 
marked ‘‘40”’ shows corresponding values of the 
position of a noise band on the frequency scale 
and the decibel level of the intensity per cycle 
of the band which will produce a masking of 
40 decibels at the mid-frequency of the band. 
‘Consequently if the intensity spectrum of a 
noise, that is, if the decibel levels corresponding 
to the intensity per cycle are known throughout 
the frequency range, then the masking spectrum 
‘can be drawn. 

The procedure in utilizing the above data to 
find the loudness of a sound would be as follows: 
first, the intensity spectrum of the noise must be 
measured with a sound level meter which will 
analyze sound. From this analysis the masking 
audiogram of the sound is found by referring to 
Fig. 15. If the sound analyzer measures the 
intensity, J, in a frequency band Af cycles wide, 
then the readings are related to the ordinate, B, 
of Fig. 15 by the equation: 


B=10 log (1/(Af I0)), (5) 
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Fic. 12. Masking audiograms and a comparison of 
observed and computed loudness levels for thermal noise 
bands of medium width. 


where J is reference intensity, 10~'® watts per 
square centimeter. Plotting the masking audio- 
gram on a chart similar to Fig. 9 or 10 and 
finding the area under the curve gives the loud- 
ness. This procedure for getting the masking 
audiogram from the intensity spectrum will not 
be accurate when the sound contains a small 
number of important single frequency com- 
ponents or in cases where the intensity spectrum 
changes abruptly. 


Calculation of loudness from the intensity 
spectrum of the noise 


In Fig. 15 the variable parameter on the 
masking contours is the quantity M/. It has been 
found that a quantity, Z, defined by the equation 


Z=B—Bot+k (6) 


can be used as a parameter for these curves. In 
Eq. (6), B is the noise level, as defined above, 
measured at the frequency f, 8» is the threshold 
intensity level (zero loudness level) of a tone of © 
frequency f, and x is given by the solid curve of 
Fig. 16. When Z is defined in this way, M and Z 
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are related as shown in Fig. 17 and values of Z 
obtained from this curve can be used as a 
parameter on the set of curves of Fig. 15. 

For this reason the quantity, Z, is of consider- 
able importance, and the relationship for the 
loudness per unit length of basilar membrane 
(Eq. 3) can be expressed as a function of Z 
rather than a function of M. Consequently the 
fundamental loudness equation can be written 


N= [ OZ)ds. (7) 


The values of the function, Q, can be obtained 
from the curves of Figs. 6 and 17 and the values 
thus obtained are shown in Fig. 18. In the 
expression for Z given in (6) the term x was 
defined by the solid curve of Fig. 16. It was 
found that « can also be computed from the 
equation 


k= 10 log (df/dx). (8) 


The calculated values are shown by the dotted 
curve in Fig. 16. Values of the slope df/dx were 
taken directly from the curve of Fig. 1. Conse- 
quently the quantity Z can be expressed as 


Z=B—£B,)+10 log (df/dx). (9) 


Let us now consider how this quantity is related 
to the stimulation per unit length of the basilar 
membrane. At a point where the ear is to be 
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Fic. 13. Comparisons of computed and observed loudness 
levels for a wide band of thermal noise. 
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Fic. 14. Masking audiograms and a comparison of observed 
and computed loudness levels for single frequency tones. 


placed, let J be the intensity per cycle of the 
sound wave at the frequency f, corresponding to 
the position x on the basilar membrane. The 
power contained in the small elementary band 
of frequencies is J df. If this power is sent to 
the end organ of hearing through the trans- 
mission channel between the air and the end 
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Fic. 15. Masking contours. 
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Fic. 17. Relation between ‘‘M”’ and ‘‘Z.” 





organ, it will be attenuated different amounts, 
depending upon the frequency. Although the 
power will be scattered over a _ considerable 
extent of the basilar membrane, the greater part 
of that which is received will be at the position 
between x and x+dx corresponding to the 
frequencies f and f+df. Under the condition that 
the intensity J does not change abruptly from 
one frequency region to another (this definitely 
rules out a discrete frequency spectrum), then 
the power that goes to the parts of the membrane 
other than that between x and x+dx will be 
small compared to that already operating there 
from other elementary frequency bands. 

Under such conditions then, we can neglect 
the power going into other regions and assume 
that all the power confined in the band df goes 
to the element of length dx. The relative power 
in this band compared to that necessary for the 
threshold is 


103/9. df 
———. (10) 
1080/10 


Consequently if Jo is the power necessary for 
threshold, then the power dP in the small element 
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Fic. 18. Values of the function, Q(Z). 


dx is 
dP = J 108-80)! (df /dx)dx (11) 
or 


10 log (dP/dx) =B-—By 
+10 log (df/dx)+10 log Jy. (12) 


A comparison of this equation with (9) shows 
that they are the same if we choose Jy to be 
unity. Then it is seen that the quantity Z is the 
power per unit length of the basilar membrane 
expressed in decibels. Since the unit of length 
has been taken as one percent of the basilar 
membrane, Z is the power in decibels above the 
threshold power Jo, per one percent of the length 
of the basilar membrane. 

From this analysis, it seems reasonable to con- 
clude that the method of computing loudness 
from the masking spectrum of a sound is based 
upon a fundamental relation between loudness, 
and intensity of stimulus per unit length of 
basilar membrane. We feel that in this simple 
form, the relation is a satisfactory representation 
of the loudness data we have observed, but as 
more data are accumulated, it may be possible 
to detect the influence of other factors affecting 
loudness. 
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The Dependence of Hearing Impairment on Sound Intensity 


Joun C. STEINBERG AND MarK B. GARDNER 
Bell Telephone Laboratories, New York, N. Y. 


(Received May 24, 1937) 


This paper discusses the measurement of hearing loss for 
levels of sound that were well above the deafened threshold 
and hence were audible to the deafened person. In the 
tests, observers having unilateral deafness, i.e., one im- 
paired and one normal ear, balanced a tone heard with the 
deafened ear against the tone heard with the normal ear. 
For some people, the impaired ear heard less well than the 
normal ear for all sound levels. For others, tones which 
were well above the deafened threshold were heard about 


INTRODUCTION 


EARING impairment is determined ordi- 

narily by measuring the intensity levels at 
which tones of different frequencies are just 
audible to the deafened ear. The difference 
between such intensity levels and the just 
audible intensity levels for normal ears is a 
measure of the impairment. When expressed in 
decibels, the difference is called the hearing loss 
and a graph of hearing loss versus frequency is 
called an audiogram. It expresses the amount in 
decibels that the deafened threshold is raised 
above the normal threshold for pure tones. 

Audiograms of this type may be obtained by 
an air or a bone conduction measurement. The 
air conduction measurement gives the magnitude 
of the hearing loss but does not indicate which 
part of the hearing mechanism is defective. To 
supplement this test the bone conduction test is 
made. Deficiencies in the bone conduction 
threshold are usually associated with inner ear 
or nerve deafness while a normal bone conduction 
threshold accompanied by a raised air conduction 
threshold is interpreted as conductive or middle 
ear deafness. On the basis of such tests, deafness 
for sounds of threshold intensity falls into two 
broad classes, namely nerve and conductive 
deafness. 

Recently, attention has been given to the 
measurement of hearing loss for sounds that have 
intensity levels above the deafened threshold. 
Again two broad classes of deafness have been 
observed. In one of these, the amount of the 
deafness diminishes as the sound is raised above 


11 


equally well with either ear. In other words, such deafened 
ears tended to hear loud sounds with normal loudness. It 
was found that this type of deafness could be represented 
quantitatively on the assumption that it was due to nerve 
atrophy. Loudness judgments for a normal ear in the 
presence of noise were found to be similar to judgments by 
a nerve deafened ear. Relations, based on the loudness 
properties of normal ears, have been extended to represent 
the loudness heard by deafened ears. 


the deafened threshold, that is, the observer 
tends to hear loud sounds normally. In this 
paper, this type of loss will be referred to as a 
variable type loss, since it varies with the in- 
tensity of the sound. In the other class, the 
hearing loss is the same for all intensity levels, 
and hence is called a constant type hearing loss. 
There is also a third class which is a mixture of 
the variable and constant type hearing losses. 

It is the purpose of this paper to give first 
some typical results of the variable and constant 
type losses and then to show that the variable 
type loss can be explained in the light of the 
work reported by Fletcher and Munson! on the 
mechanism of loudness and masking for normal 
ears, if the variable type loss is considered as due 
to nerve atrophy. 

That some people may have an appreciable 
hearing impairment for tones of just audible in- 
tensity level and yet hear loud tones normally 
has been shown by tests on observers having a 
unilateral type hearing loss, ie., having one 
normal and one impaired ear. In the tests the 
observer listened to a pure tone, first with the 
deafened ear and then with the normal ear. The 
intensity level of the tone on the normal ear was 
adjusted until it sounded as loud as a fixed level 
of tone on the deafened ear. The difference 
between the impaired and normal ear intensity 
levels for equality of loudness is the hearing loss 
for a particular intensity level. The loss for other 
intensity levels is obtained from tests with other 


Fletcher and Munson, ‘‘Loudness, Its Definition, 
a and Calculation,” J. Acous. Soc. Am. 5, 82 
1933). 
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Fic. 1. Unilateral hearing loss of the constant type. 


values of fixed level on the deafened ear. When 
the loudness for each ear is zero, the hearing loss 
as defined above reduces to that given by the 
definition in the first paragraph 

In Fig. 1 a typical case of the constant type 
hearing loss is shown. In the upper left-hand 
chart, the crosses represent an ordinary audio- 
gram showing the air conduction hearing loss for 
the left ear. In the right-hand chart the circles 
show the loss for the right ear and the brackets 
(}) show the bone conduction loss from the right 
mastoid. As tones from a bone conduction re- 
ceiver may be heard about equally well in either 
ear, in obtaining bone conduction thresholds, 
care must be taken to deafen artificially the 
opposite ear. In these tests this was done by 
masking with a band of thermal noise having 
energy throughout the audible range. 

The three lower charts show the levels above 
threshold on the impaired and normal ears for 
equality of loudness. Zero level corresponds to 
the normal hearing threshold of the Western 
Electric 2A audiometer, so that the scale gives 
db above normal threshold. The observed data 
are shown by the points. If both ears are normal 
at all levels the points should fall on the 45° 
dashed line through the origin. The horizontal 
displacements of the points to the right of this 
line are the impaired ear hearing losses for the 
corresponding levels above threshold. 

Fig. 2a shows a case of the variable type loss 
for a 2000-cycle tone. The left-hand chart is the 
audiogram showing the hearing loss for left and 
right ears. The bone conduction loss shown for 
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the left mastoid ([) was taken with a masking 
noise on the right ear. The arrows attached to 
the brackets indicate that the threshold intensity 
was greater than that obtainable with the audi- 
ometer. The crosses in the right-hand chart show 
levels on the normal and impaired ears for equal 
loudness. As in, Fig. 1 the displacement of the 
points to the right of the dashed line indicates 
the amount of loss present at the various levels 
above normal threshold. It will be seen that the 
loss decreases as the level is raised above the 
deafened threshold. A case somewhat like that 
in Fig. 2a is shown in Fig. 2b. This latter case 
was taken from a report of similar findings by 
Dr. E. P. Fowler at a recent meeting of the 
American Otological Society.” 

The method described above. is applicable in 
cases of unilateral hearing impairment. The data 
shown in Fig. 3 were obtained by a modified 
method applicable when both ears are alike and 
impaired over part of the frequency range only. 
In this case a 2000-cycle tone in the normal 
hearing range of the right ear was balanced for 
equality of loudness against tones of 4000 and 
8000 cycles in the impaired range of the same ear. 
Studies in which this method was used have been 
reported by Dr. S. N. Reger.’ The method of 
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Fic, 2. Unilateral hearing loss of the variable type. 








2? E. P. Fowler, ‘‘A Method for the Early Detection of 
Otosclerosis,”’ Archives of Otolaryngology, Dec. (1936). 

3S. N. Reger, ‘‘Loudness Level Contours and Intensity 
Discrimination of Ears With Raised Auditory Thresholds, 
(Abstract),’’ J. Acous. Soc. Am. 7, 73 (1935). 
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plotting is the same as in the previous figures 
except that the lower charts show sound levels 
for equal loudness for tones of different frequency. 

The results in Figs. 1, 2 and 3 serve to illus- 
trate the two distinct types of hearing loss that 
have been observed in studies carried on at the 
Bell Telephone Laboratories. Additional cases of 
interest which include mixtures of both the 
constant and variable type deafness are shown 
in Figs. 10, 11, 12 and 13 of the appendix. 


THe LoupNEss CONCEPT 


In recent years a great deal of evidence has 
been obtained which is consistent with the con- 
cept that the loudness of sound is closely related 
to the total number of nerve fibers conducting 
impulses to the brain due to the stimulation of 
the sound. A relationship between the loudness 
(in the above sense) and the intensity level of a 
1000-cycle tone was reported by Fletcher and 
Munson! some three years ago. It was derived on 
the assumption that a sound heard with both 
ears is twice as loud as heard with one, from 
data on the intensity levels needed for equality 
of loudness with one and two ear listening. The 
relationship‘ is shown by curve A of Fig. 4. The 
y-axis gives the loudness or the magnitude of the 
sensation on an arbitrary number scale, which is 
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Fic. 3. Bilateral hearing loss of the variable type. 


* The relationship in Fig. 4 was taken from Fig. 2 in the 
paper, ‘‘Newer Concepts of Pitch Loudness and Timbre of 
Musical Tones,” H. Fletcher, J. Frank. Inst. Oct. 1935, 
and differs slightly from the earlier values given in Table 
III of the Fletcher and Munson paper on loudness. 
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Fic. 4. Loudness versus intensity level of a 1000-cycle 
tone for (A) normal, (B) nerve deafened, and (C) conduc- 
tive deafened observers. ‘ 


designated as N. The x-axis is the intensity 
level of the 1000-cycle tone which by definition 
is the loudness level L 

Fletcher and Munson found that the relation- 
ship in Fig. 4 was consistent with results ob- 
tained on the loudness of combinations of two or 
more equally loud tones, provided the tones were 
far enough apart in frequency to stimulate dif- 
ferent sets of nerve endings in the cochlea. The 
determinations were made by first adjusting each 
of two tones to sound as loud as the 1000-cycle 
reference tone of loudness N. The two equally 
loud tones were then combined and the intensity 
level of the reference tone adjusted until it 
sounded as loud as the combination. From Fig. 4 
a loudness of 2N was found to correspond to the 
intensity level of the reference tone. Similar de- 
terminations were made for combinations of as 
many as ten equally loud tones and also for dif- 
ferent initial loudness values N, of the uncom- 
bined tones. 

The relationship has also been found to be con- 
sistent with aural estimates of multiple and 
fractional loudness values. In such tests, an 
observer listens to a tone of loudness N, and then 
adjusts the intensity level until it sounds 3, }, 


2, 4, etc., times as loud. Data of this type re- 
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ported by Ham and Parkinson,’ Geiger and 
Firestone,® and Churcher,’ were found to agree 
well with the curve of Fig. 4. 

In view of these agreements, it is believed that 
the number scale in Fig. 4 may be assumed, with 
some confidence, to be proportional to the 
loudness of the tone. Although the exact physio- 
logical significance of this number scale is not 
entirely clear, it is probably closely related to the 
number of nerve fibers active and also to the 
number of cells stimulated in the cortex. It is of 
interest to note that Stevens and Davis*® have 
shown recently, that the electric response from 
the cochlea is proportional to the curve of Fig. 4 
for intensity levels below 70 db. Why the propor- 
tionality does not hold for levels above 70 db 
and what relation the cochlear currents bear to 
the stimulation in the higher centers are ques- 
tions however, that remain to be answered. 

With this picture of loudness in mind, let a 
case of deafness be assumed such that a loss of 
1000 loudness units results for a 1000 cycle tone. 
In other words, assume that the deafened ear 
hears at all intensity levels with 1000 less loudness 
units than normal. Curve B of Fig. 4 shows the 
loudness heard by such an ear as a function of 
the intensity level of tone. It was obtained by 
subtracting 1000 units from the normal curve. 

Now let a case of deafness be assumed such 
that a loss of 40 decibels results in the intensity 
level of tone reaching the nerve terminals in the 
cochlea. In other words, assume that the deafened 
ear hears with a loudness corresponding to an 
intensity level diminished by 40 db at all levels. 
Curve C of Fig. 4 shows the loudness heard by 
such an ear versus intensity level. It was ob- 
tained by shifting the normal curve 40 db to the 
right. 

It is to be noted that both types of assumed 
deafness show the same hearing loss (40 db) for 
sounds of threshold intensity level. At higher 
levels, as shown by curve B, the ear having an 
assumed loss of 1000 loudness units tends to 


5 L. B. Ham and J. S. Parkinson, ‘‘Loudness and Intens- 
ity Relations,”’ J. Acous. Soc. Am., Apr. (1932). 

6 P. H. Geiger and F. A. Firestone, ‘‘The Estimation of 
Fractional Loudness,”’ J. Acous. Soc. Am. 5, 24 (1933). 

7B. G. Churcher, ‘‘A Loudness Scale for Industrial 
Noise Measurements,” J. Acous. Soc. Am. 6, 216 (1935). 

8S. S. Stevens and H. Davis, ‘‘Psychophysiological 
ee Pitch and Loudness,”’ J. Acous. Soc. Am. 8, 1 
(1936). 
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hear with practically normal loudness. This cor- 
responds to the cases of variable deafness previ- 
ously described. The ear having an assumed loss 
of 40 db in effective intensity level as shown by 
curve C, hears at all levels with a constant loss 
of 40 db corresponding to the cases of constant 
type deafness. 

Since a loss in loudness is equivalent to a loss 
in the number of nerve fibers conducting im- 
pulses, the variable type deafness would be 
expected when nerve lesions or atrophy have 
taken place. The constant type deafness, on the 
other hand, would be expected to arise from con- 
ductive or middle ear lesions which cause a loss 
in the intensity level of sound reaching the 
cochlea. 


HEARING Loss DUE TO MASKING EFFECTS 


If, as seems probable, the variable type deaf- 
ness occiirs when there is a loss in the number of 
nerve fibers normally active, the hearing loss 
caused by a masking sound would be expected 
to be of the variable type. The nerve fibers which 
are activated by the masking sound are inef- 
fective in contributing to the loudness of a tone 
heard in the presence of the masking sound. In 
other words, the number of nerve fibers con- 
tributing to the sensation of the masked sound 
is less than normal, i.e., less than the number that 
would normally take part in the absence of a 
masking sound. 

To test this conclusion, one of the observer’s 
ears was masked by a band of thermal noise® 
extending over most of the audible frequency 
range. The observer then adjusted a pure tone 
heard in the unmasked ear until it sounded as 
loud as a tone of the same frequency heard in the 
masked ear. As the pure tone and the thermal 
noise were very different in tonal character it 
was not difficult to sense the loudness of the 
tone when heard in the presence of the noise. 
The results of the tests are shown in Fig. 5, 
where the x axis shows the level of tone on the 
masked ear and the y axis shows the level on the 
unmasked ear for equality of loudness. The 


® Thermal noise is an unpitched sound obtained from the 
potential generated by the thermal motion of electrons. 
It is frequently heard as background noise in high gain 
vacuum tube circuits and is somewhat similar to the surface 
noise of phonograph records. 
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Fic. 5. Unilateral hearing loss due to the presence of thermal noise. 


three curves for the different tones correspond 
to three different intensity levels of masking 
noise. The individual observations of three to 
four observers are shown for the level having a 
masking of approximately 40 db. For the two 
lower noise levels the average observations are 
shown. The data show definitely that the hearing 
loss due to masking is of the variable type. 


THE CALCULATION OF HEARING Loss 


In a current article,!° Fletcher and Munson 
describe the relationship between the masking 
effects and the loudness of a sound for normal 
ears. In accordance with the present concept of 
loudness it should be possible to extend such rela- 
tions to calculating the loudness heard by an ear 
having the variable type deafness. The method 
of calculation for normal ears will be described 
briefly in order to discuss its application to the 
deafened ear. 

The masking audiogram for any sound ex- 
presses the threshold shift in db for single fre- 
quency tones when heard in the presence of the 
sound. The fact that the threshold of the tone 
is raised due to the presence of the masking 
sound, may be taken to indicate that some of 


”H. Fletcher and W. A. Munson, ‘‘Relation Between 
Loudness and Masking,” J. Acous. Soc. Am. 9, 1 (1937). 


the nerve fibers in the region on the basilar 
membrane that responds to the tone are busy 
sending impulses due to the masking sound. The 
amount that the tone threshold is raised to 
override the effects of the masking sound may 
be regarded as a measure of the number of nerve 
fibers activated by the masking sound or as a 
measure of the loudness contribution from that 
region of the basilar membrane which corre- 
sponds to the frequency of the masked tone. 
Hence the area under the masking audiogram 
should correspond to the total loudness of the 
masking sound. 

The above statement expressed mathemati- 
cally is, 


dN=9(M)dx, (1) 
where, dN is an element of loudness. 


¢(1/) is a function of the masking and is the 
loudness per unit length. 
dx is an element of length of membrane. 


Integrating, 


Xx 
N= f ¢(M)dx, (2) 
0 


where N is loudness and X equals 30 mm, the 
length of the basilar membrane. 
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To obtain the relation between ¢(M) and M 
a wide band of thermal noise was chosen, such 
that the masking M was constant for single 
frequency tones throughout the audible range. 
For such a sound, Eq. (2) becomes 


N=30-$(M). (3) 


Both the loudness and the masking were observed 
experimentally for various intensity levels of the 
wide thermal noise band. These observations 
gave a relation between the masking M and 
loudness N and hence by means of Eq. (3) the 
relationship between M and ¢(M) shown in 
Fig. 6 was obtained."' In Fig. 7 the relation 
between tone frequency and position of the 
stimulation on the basilar membrane is shown.” 
These two figures contain the information that is 
needed to calculate the loudness of a sound when 
its masking audiogram is known. Then by means 
of curve A of Fig. 4 the loudness level of the 
sound may be obtained from the calculated 
loudness. 

The calculation of the loudness of a sound by 
means of Eq. (2) is carried out by plotting a 
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Fic. 6. Relation between loudness and masking. 


11 ¢(M) differs from F(M) in the Fletcher and Munson 
paper by a factor of 0.3, that is, 0.3 ¢(M)=F(M). This 
factor arises from the difference in designating position on 
the basilar membrane. For the purposes of this paper it 
seemed more direct to deal with mm of length instead of 
percentage length as used by Fletcher and Munson in the 
more general case. 

2 John C. Steinberg, ‘Positions of Stimulation on the 
Cochlea by Pure Tones,” J. Acous. Soc. Am. 8, 176 (1937). 
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loudness pattern of the sound and determining the 
area under the curve. The loudness pattern is 
obtained from the masking audiogram with the 
aid of Figs. 6 and 7. Such patterns for the normal 
ear are shown by the solid lines in Fig. 8 for a 
2000-cycle tone. The x axis is the distance from 
the helicotrema and the y axis loudness per unit 
length [¢@(1) ].. The different curves correspond 
to different levels of the tones above threshold 
as indicated by the numbers adjacent to the 
curves. These patterns give a graphical picture 
of the loudness contributions from different 
parts of the basilar membrane and show how the 
contributions change for different tone levels. 
The values of frequency and masking that deter- 
mined the x and ¢(./) values may be read, for 
convenience, from the top and right-hand scales 
on the charts. The masking audiograms used to 
obtain the loudness patterns were based on the 
masking data for pure tones published by Wegel 
and Lane™ and also on unpublished data ob- 
tained by F. H. Graham. 

The areas under the solid curves of Fig. 8 are 
equal to the loudness of the tones for normal 
hearing persons. When a tone is heard by an ear 
having nerve deafness only a part of the normal 
area is effective in producing loudness. The part 
lost is the loudness needed to override the 
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Fic. 7. Position of simulation on the basilar membrane 
by pure tones. 





13 R, L. Wegel and C. E. Lane, ‘‘Auditory Masking and 
Dynamics of the Inner Ear.”’ Phys. Rev. 23, 266 (1924). 
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Fic. 8. 2000-cycle tone loudness patterns showing losses due to particular noise and nerve deafened ears, 


deafened threshold, or the value of ¢(M) cor- 
responding to the intensity of the tone that is 
just audible to the deafened ear. This quantity 
has been designated as (My) where Myz has 
the value equal to the hearing loss. A graph of 
(My z) versus distance from the helicotrema 
gives a loudness loss pattern. The area of that part 
of the normal loudness pattern which rises above 
the loudness loss pattern determines the loudness 
heard by the deafened ear. 

Such areas are illustrated in Fig. 8. The curves 
designated as (My ,) are the loudness loss 
patterns for the right and left ear audiograms 
of Fig. 2a. The areas of the parts of the normal 
loudness patterns which rise above these loudness 
loss patterns give the loudness as heard by the 
corresponding ears. The curve designated as 


¢(M,,) is the loudness loss pattern corresponding 
to the 38 db masking level of noise in the 2000- 
cycle tone tests of Fig. 5. The areas above this 
pattern give the loudness heard in the masked 
ear. 

The detailed steps in making such calculations 
and certain limitations of the method are given 
in the appendix. The calculated results for the 
loudness of the tones heard in the presence of 
thermal noise are shown by the solid curves of 
Fig. 5. The computations, which were made only 
for the 40 db masking level of noise, agree well 
with the observed results. 

The calculated levels for equal loudness on the 
normal and deafened ears in Figs. 2a and 2b are 
shown by the solid lines in the two right-hand 
charts. In these cases the entire hearing loss as 
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Fic. 9. Pure tone loudness patterns. 


measured by the threshold audiogram was 
assumed to be of the nerve deafness type. 
Similarly, in the calculations for Fig. 3 the hear- 
ing loss was assumed to be all of the nerve type. 

In making computations at a frequency other 
than 2000 cycles the appropriate family of loud- 
ness patterns must be used. Patterns for 250, 
500, 1000 and 4000 cycles are shown in Fig. 9 
and are used in additional computations given 
there. 

In the calculations, the normal and impaired 
ears were treated according to the actual audio- 
gram measurements. For example, in Fig. 2a, 
both ears show hearing losses at 4000 and 8000 


cycles, which were taken into account in calcu- 
lating the loudness heard by these ears. In ob- 
taining the masking data of Fig. 5, all observers 
were within plus or minus a few db of zero hearing 
loss at all frequencies so that the full areas of 
the ¢(.V/) curves were used for the unmasked ear 
in these calculations. 


Discussion 


A comparison of the observed and calculated 
data of Fig. 5 obtained with thermal noise mask- 
ing on one ear shows a result which tends to 
indicate that the method of calculation: presents 
a fundamentally correct appreciation of the 
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factors involved in hearing. During the observa- 
tions it was noted that tones of 2000 cycles and 
higher became essentially as loud on the masked 
as on the unmasked ear when the levels were 
sufficiently high. That the 250-cycle tone did not 
behave similarly was somewhat puzzling until 
the computations were made. Then it was seen 
that the masking of the thermal noise was more 
effective on the 250-cycle tone than on higher 
tones because the loudness pattern for the*250- 
cycle tone covers a much greater part of the 
basilar membrane than do the patterns for 2000 
cycles and higher tones. Hence the thermal noise 
band which masked over the whole of the mem- 
brane was more effective in masking the 250- 
cycle tone. 

Another rather interesting test of the method 
of calculation is found in the comparison of the 
calculations and observations in Figs. 2a and 2b. 
The audiograms in both figures show a loss of 
60 db for a 2000-cycle tone. Fig. 2b shows that 
the loudness of the 2000-cycle tone on the 
deafened ear becomes equal to the loudness on 
the normal ear as the level is increased above 
threshold. In the case of Fig. 2a, the loudness 
on the deafened ear does not quite equal the 
loudness on the normal ear as the level is in- 
creased. Fig. 2a shows a loss of 65 and 60 db, 
respectively, at 4000 and 8000 cycles but in 
Fig. 2b the losses are only 30 db. At high levels 
the loudness pattern of the 2000-cycle tone 
spreads to the portions of the basilar membrane 
normally responding to 4000- and 8000-cycle 
tones (see Fig. 8). Greater response is obtained 
from these portions in 2b than in 2a because of 
the smaller hearing loss in 2b. Hence the loudness 
on the deafened ear in the latter case becomes 
more nearly normal as the level is increased. 
That the calculations agree with the observations 
in these two cases engenders some confidence in 
the method. 

At a recent meeting of the American Otological 
Society,'4 a symposium was held on the question 
“Is There Localization in the Cochlea for Low 
Tones? Is Impaired Hearing for the Tones 
Below 1000 d.v. Ever Due to a Cochlear or 
Inner Ear Lesion? If So, Where Is the Lesion 


. ‘Symposium before the American Otological Society, 
Toronto, May 27, 1935. Published in Annals of Otology, 
Rhinology and Laryngology, Vol. 44, No. 3, Sept., 1935. 
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Located and How Is It Recognized Clinically?” 
It is of interest to point out that the loudness 
patterns for low tones, such as the 250-cycle tone 
in Fig. 9, extend over the entire length of the 
basilar membrane for high intensity levels. This 
is interpreted as indicating that nerve fibers over 
the whole length of the membrane contribute to 
the loudness of such tones, and that cochlear 
lesions even when occurring in the basal turns of 
the cochlea, would result in a definite loss in 
loudness. Thresholds, on the other hand, would 
not be affected by cochlear lesions lying outside 
the region of localization of the tone under 
consideration. 

As previously noted, the philosophy underlying 
the method of loudness calculation suggests that 
nerve atrophy or nerve lesions would result in 
the variable type loss and it would be expected 
that a middle ear or conductive lesion would 
result in the constant type loss. It cannot be 
concluded at present that such a state of affairs 
always exists because several cases having mix- 
tures of constant and variable type losses have 
been found which showed normal bone conduc- 
tion thresholds. Two such cases are shown in 
Figs. 10 and 11. Although the calculations and 
observations show a variable type loss of 25 to 
30 db, the bone conduction thresholds appear to 
be about normal. 

Results of this kind may mean that a con- 
ductive lesion can result in the variable type 
loss, or as seems more probable, the results may 
mean that the bone conduction test is not 
accurate to within 25 or 30 db in indicating 
nerve deafness, particularly when middle ear 
lesions are present. It is known that closing the 
ear canal of a normal hearing person lowers the 
bone conduction threshold some 25 db at 250 
cycles. The amount of the lowering decreases to 
zero at about 2000 cycles. Hence large variations 
in low frequency bone conduction thresholds 
could be expected from middle ear lesions. This, 
however, does not explain the presence of normal 
high frequency bone conduction thresholds. The 
final interpretation of these results must await 
further study. 

It is of interest to point out that deafened 
individuals often comment on the tendency of 
raised speech to become annoying, particularly 
when the level is raised enough for the faint 
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sounds to be heard. This comment is under- 
standable when the hearing loss is of the variable 
type as in the case, for example, of Fig. 10, 
where a 20 db increase in sound level above the 
deafened threshold results in a 40 db increase in 
loudness. When someone shouts, such a deafened 
person suffers practically as much discomfort as 
a normal hearing person would under the same 
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circumstances. Furthermore for such a case, the 
effective gain in loudness afforded by amplifi- 
cation depends on the amount of variable type loss 
present. Owing to the expanding action of this 
type of loss it would be necessary to introduce a 
corresponding compression in the amplifier in 
order to produce the same amplification at all 
levels. 


APPENDIX 


CALCULATION AND MASKING PATTERN DETAILS 
ADDITIONAL DaTaA 


To illustrate the procedure of calculation used in this 
paper an example is given in detail in Table I for the case 
of a 2000-cycle tone when heard in the presence of thermal 
noise as shown in Fig. 5. Table II shows a similar calcula- 
tion for the tone when heard by the deafened ear having 
the audiogram shown in Fig. 2a. The first column of Table I 
gives the frequency of the masked tone and the second 
column gives the corresponding position of stimulation on 
the basilar membrane as obtained from Fig. 7. Columns 3, 
5, 7, 9 and 11 give respectively the masking values (Mr) 
for a 2000-cycle masking tone having levels of 90, 80, 70, 
60 and 50 db above threshold. Columns 4, 6, 8, 10 and 12 
show corresponding values of ¢(M7) as obtained from 
Fig. 6. Column 13 gives the thermal noise masking values 
(M,,) for an intensity level of noise such that a masking of 
38 db is obtained on a 2000-cycle tone." These values were 
obtained by direct measurement on the noise used in the 
tests. Column 14 shows the corresponding values of 
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Fic. 10. Unilateral hearing loss showing a mixture of the 
constant and variable types. 


15 Since the masking level for any frequency in the noise 
band is proportional to the intensity level of the noise, 
other values of masking can be readily obtained from the 
data in column 13. To obtain, for example, a masking of 
38 db on a 250-cycle tone the masking values in column 13 
should be increased uniformly by 14 db. 


¢(M,,) as obtained from Fig. 6. The values of ¢( Mr) and 
¢(M,,) are shown graphically in the 2000-cycle loudness 
pattern chart of Fig. 8. In row 18, the areas under the 
normal curves [¢(M7) curves] as measured with a plani- 
meter, are shown. Row 20, gives the areas of the portions 
of the normal curves that rise above the loudness loss 
pattern of the noise [¢(M,,) pattern]. The normal and 
reduced loudness levels (rows 19 and 21) are obtained from 
the normal and reduced loudness values by means of curve 
A of Fig. 4. A graph of these values (solid and dot-dashed 
curves) is shown in the 2000-cycle chart of Fig. 14, as a 
function of the level of the tone above normal threshold. 
From these curves, the levels above normal threshold for 
equality of loudness on the unmasked ear and on the 
masked ear were obtained and are shown by the solid line 
in the 2000-cycle chart of Fig. 5 for comparison with the 
observed results. Calculations were made in this manner 
for each of the tones of Fig. 5 for the approximate 40 db 
masking condition of noise. 

The procedure for calculating the loudness heard by a 
nerve deafened ear is similar to that for a masked ear, 
Columns 3 and 5 of Table II show the hearing loss taken 
from the audiogram in Fig. 2a, and columns 4 and 6 show 
the corresponding values of ¢(Muyz ). These values were 
plotted on the 2000-cycle chart of Fig. 8 and the areas 
above the loudness loss patterns of the normal and im- 
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Fic. 11. Unilateral hearing loss showing a mixture of the 
constant and variable types. 
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HEARING IMPAIRMENT 21 
TABLE I. Masking loudness calculations at 2000~. 
(1) (2) (3) (4) (S) (6) (7) (8) (9) * (10) (11) (12) (13) (14) 
(1) Tone- Levels 90 80 70 60 50 
(2) Freq. X Mr ¢(M 7) Mr ¢(M7) Mr ¢(M7) Mr o(M7) Mr ¢(M 7) Mn $(M n) 
(3) 250 2.5) — — — — — - — — — —- 24 330 
(4) 500 a5 1 0 — — _ —- _ 35 880 
(5) 1000 9.8 8 32 6 18 4 7.7 2 2 1 1 38 | 1090 
(6) 1600 | 13 36 940 30 590 21 250 14 102 10 50 
(7) 1800 | 13.8 62 4500 52 2620 41 1310 31 630 25 370 
(8) 2000 | 14.4 86 17200 76 10500 66 6000 56 3370 46 1800 38 1090 
(9) 2150 | 15 71 7660 | 60 4230 | 51 2460 42 1390 33 750 
(10) 2500 | 16 67 6330 53 2800 43 1490 32 690 20 220 
(11) 3350 | 18 65 5730 51 2460 37 1010 24 330 10 50 
(12) 4000 | 19.1 64 5330 49 2180 35 880 20 220 6 18 30 590 
(13) 4500 | 20 62 4770 48 2040 | 32 690 16 135 4 7.7 
(14) 8000 | 24 52 2460 36 940 17 160 + 77) — — 28 490 
(15) | 10000 | 25.5 | 47 1910 | 32 690 10 50 — — — — 
(16) | 15000 | 28 39 1160 22 275 —- -- — — — — 
(17) | Tone-Levels 90 80 70 60 50 
(18) | Normal Loudness (Total Normal Area) 58000 | 29000 | 12000 | 5300 | 2100 
(19) | Calculated Normal Loudness Level 93 83.5 72.5 | 62.5 50 
(20) | Reduced Loudness-—-Area Above Loudness—Loss 
Pattern of Noise * 46000 | 19000 5000 | 1600 320 
(21) | Calculated Reduced Loudness Level 90 78.5 61 46 29 
TABLE II, Audiogram loudness calculations at 2000~. 
(1) (2) (3) (4) (5) (6) (7) (8) (9) (10) 
Right Ear Left Ear 
(1) Freq. X HL (MHL) HL (MHL) 
(2) 128 0 —5 0 0 0 
(3) 256 25 0 0 10 50 
(4) 512 5.5 0 0 10 50 
(5) 1024 9.8 0 0 25 370 
(6) 2048 14.5 —5 0 60 4230 
(7) 4096 19.3 15 120 65 5730 
(8) 8192 24.2 45 1690 60 4230 
(9) | Tone-Levels 90 80 70 50 
(10) | Normal Ear Loudness (Area Above Loudness Loss Pattern of 
Right Ear Audiogram) 57900 25000 13800 2200 
(11) | Calculated Normal Loudness Level 92.5 82 74 51 
(12) | Impaired Ear Loudness (Area Above Loudness Loss Pattern of 
Left Ear Audiogram) 14000 3800 720 0 
(13) | Calculated Impaired Ear Loudness 74 57 37 0 
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paired ears measured. From these measurements, the 
levels above normal threshold for equality of loudness on 
the normal and deafened ears were obtained following the 
procedure used for the masked and unmasked ears. The 
values are shown by the solid line in Fig. 2a. The curves 
showing levels for equal loudness on the normal and 
deafened ears in Figs. 2b, 12a and 12b, were all calculated 
in this manner. 

When the hearing loss is mixed, i.e., made up of a con- 
stant and a variable type loss, the amount of each type may 
be calculated by a method of successive approximations. 
In order to apply the method it is necessary to know the 
hearing loss for levels of tone above the deafened threshold 
and for frequencies throughout the hearing range. The 
levels above normal threshold for equality of loudness on 
the normal and deafened ear are calculated as previously 
described. The first calculation is made for the tone of 
highest frequency for which loudness balances and 
threshold measurements are available. In this calculation 
it is assumed that the loss shown by the threshold audio- 
gram is all of the variable type. If this loss is partly of the 
constant type, the loudness calculated for the deafened ear 
wil! rise above the observed loudness as the sound level is 
increased above the threshold and approach a different 
asymptote from the observed. The db shift between asymp- 
totes is an approximate measure of the constant type loss 
for the tone of frequency under calculation. The observed 
threshold loss for a tone of this frequency can then be 
separated into a variable and a constant part, and a new 
point plotted on the audiogram chart which differs from 
the threshold value by the calculated constant type loss. 
For example, in Fig. 10 the first calculation was made at 
2000 cycles assuming that ABCDEFG was all nerve loss. 
The loudness calculated for this frequency raised above the 
observed loudness as the level was increased and ap- 
proached an asymptote differing from the observed by 
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Fic. 12. Unilateral hearing loss of the variable type. 


approximately 15 db, determining the point K. (Since 
balances were not made at 4000 and 8000 cycles the shifts 
FL and GM were made equal to the calculated shift EK.) 
The next calculation was made at 1000 cycles using the 
audiogram ABCDKLM which determined the point J, 
(Since no balance was made at 500 cycles the point C was 
shifted to J by an amount equal to the shift DJ.) The 
final calculation was made at 250 cycles using audiogram 
ABIJKLM which: determined the point ZZ. This new 
audiogram HJJKLM represents to a first approximation 
the chart of the variable type hearing loss. The distances 
BH, CI, DJ, EK, FL and GM represent constant type 
losses. 

A more accurate result could be obtained by repeating 
the calculations using the audiogram HJJKLM and pro- 
ceeding as above. Usually, however, the first approxima- 
tion is sufficiently accurate as was the case in Fig. 10. The 
three lower solid curves of this figure were calculated using 
the first approximation nerve loss audiogram HIJKLM 
and are seen to fit the observed points reasonably well, 
indicating further approximations unnecessary. The solid 
curves of Figs. 1, 11 and 13 were determined by the same 
process as for Fig. 10. 

In obtaining the masking audiograms upon which the 
loudness patterns are based it was assumed that the in- 
tensity level of the just audible masked tone was 4.0 db 
less than the intensity level of the masking tone when they 
were alike in frequency. This assumption is consistent with 
data on the masking effects of thermal noise on single 
frequency tones where the interfering effects of beats are 
obviated. This determined the maximum value of masking. 
As noted above, masking values beyond the beat region 
were based on the work of Wegel and Lane and Graham. 
The masking in the beat region was interpolated between 
these values. For tone levels of 50 db or more above 
threshold, the beat region area represents only a small part 
of the total area so that errors of interpolation do not 
affect the calculated loudness greatly. For levels below 50 
db the area is determined almost entirely by the masking 
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Fic. 13. Unilateral hearing loss of the constant type. 
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Fic. 14. Observed and calculated loudness levels for pure tones. 


assumed in the beat region so that calculations for lower 
levels are very uncertain. To obtain information applicable 
to these levels, the masking effects of pure tones on a very 
narrow band of thermal noise are being studied. 

In Fig. 14, the calculated and observed loudness levels 
for normal hearing are shown for the tones of Figs. 8 and 9. 
The agreement is not very good but will undoubtedly be 


improved when more complete data on the masking effects 
of pure tones are available. It is believed, however, that 
these discrepancies are not likely to lead to wrong con- 
clusions in the present use of the method because the cal- 
culation of hearing loss involves the difference between 
normal and impaired (or masked) ear loudness pattern 
areas and the discrepancies tend to cancel out. 
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An Investigation of Subjective Tones by Means of the Steady Tone Phase Effect* 


J. D. Trimmert AND F. A. FIRESTONE 
University of Michigan, Ann Arbor, Michigan 


(Received February 20, 1937) 


Two strong pure tones, of frequencies in harmonic 
relation, when heard together have a sound depending in 
loudness and quality on the phase relation between the 
tones. This dependence may be observed either by the 
method of beats or by the method of steady tones. The 
phase effect is closely linked with pitch perceptions con- 
trary to Ohm’s law of acoustics, with subjective tones, and 
in general with the nonlinearity of the ear—i.e., the way 


Oum’s LAW AND PHASE EFFECT 


CCORDING to Ohm’s law of acoustics, if 
the ear is subjected to a simple harmonic 
variation of pressure, only a single pitch is per- 
ceived; more generally, to each Fourier com- 
ponent of a periodic pressure wave there should 
correspond one and only one pitch perception. 
It is well known, however, that the law is valid 
only for sound pressures of small amplitude. 
Certain musical tones, if they are strong enough, 
cause perceptions of pitch not corresponding to 
any Fourier component of the external pressure 
wave. These empirical facts—the validity of 
Ohm’s law at low amplitudes and the exceptions 
at higher amplitudes—are well established; but 
their relation to the theory of hearing is only 
- partly understood. 

It is logical to refer to pitch perceptions in 
violation of Ohm’s law as “‘subjective tones.”’ To 
illustrate the manner in which such perceptions 
occur, suppose two strong pure tones, one of 
1200 cycles per second, the other of 1000 c.p.s., 
are presented to a normal ear. Then, besides 
perceiving the two objective tones, the listener 
will unmistakably observe a pitch corresponding 
to 200 c.p.s. This ‘‘difference tone”’ is an example 
of a subjective tone. 

Suppose an observer listens to a combination 
of n objective tones, all having absolutely fixed 
frequencies, amplitudes and phases. Let Po 
represent the periodic pressure wave made up of 
these tones. Let the observer be simultaneously 

* Presented at the meeting of the Acoustical Society of 
America, New York, October 31, 1936. 


t Now with Walker Michigan Company, Jackson, 
Michigan. 


the ear responds to sounds of large amplitude. A careful 
quantitative study of the steady tone phase effect was 
made with frequencies up to 500 cycles per second. The 
results indicated a need for important revisions in the 
concept of aural nonlinearity. These revisions are sum- 
marized in the proposal of a definition for the previously 
undefined and promiscuously used term, ‘‘subjective tone.” 


presented with an exploring tone P,—that is, a 
tone of which the frequency, the amplitude and 
the phase are all adjustable: 


P.=A cos (2rft+¢). (1) 


If, for given Po, it is possible to find values of A 
and of f such that the ear hears changes in the 
combined sound of Py» and P, as ¢ changes, a 
(monaural) phase effect is said to be observed.! 


These changes in the heard sound may be of 


loudness, pitch or quality. 

There are two experimental procedures for 
introducing the exploring tone P,. Either asteady 
tone of frequency f may be generated, with 
means for the observer to make arbitrary 
changes in ¢; or a steady tone of frequency f+é 
may be generated, when the full 360-degree 
change of phase will automatically occur 6 times 
per second. The former procedure is called the 
“steady tone method,” the latter the “method 
of beats.’’ But the words ‘‘phase effect’’ are used 
to designate the experience, by whichever experi- 
mental routine it is brought into evidence. 

In the example quoted above, Po consists of 
the two tones, 1000 c.p.s. and 1200 c.p.s. Listen- 
ing to Py alone, a pitch perception occurs cor- 
responding to 200 c.p.s.—in violation of Ohm’s 
law—as already described. On the other hand, 
if to Py is added an exploring tone P, of frequency 
200 c.p.s., a phase effect will be observed. Now 
on the basis of many publications, it may be said 
in general that whenever a subjective tone is 
~ 1 Not to be confused with binaural phase effect, which 
figures in localization of sound. Monaural phase effect can 
be observed in experiments involving either one, or both, 


of the observer's ears; binaural phase effect is evidenced 
only when both ears are involved. 
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recognized by its pitch a phase effect may be 
observed at the frequency corresponding to that 
pitch ; but the converse is not true. That is, with 
a given objective tone (or tones) Po, phase effect 
can be observed at many intervals where the 
corresponding pitch cannot be picked out. 
Phase effect and perception of pitch in viola- 
tion of Ohm’s law are the two principal pieces of 
empirical evidence on which to build a theory of 
how the ear responds to sounds of large ampli- 
tude. They are, however, two distinct acoustical 
phenomena, involving different numbers of 
tones, different experimental equipment and 
technique, and different subjective experiences. 
They have in common only the property of not 
occurring at low amplitudes of sound pressure, 
and the fact that sometimes they both occur at 
the same frequency. Any really close relation 
between the phenomena must obviously be predi- 
cated on some particular theory as to the way the 
ear works. A widely-used theory? which estab- 
lishes such a relation will now be briefly stated. 


AURAL NONLINEARITY 


According to this theory, the phase effect and 
the exceptions to Ohm’s law are both attributed 
to a single feature of the hearing organs, namely, 
their nonlinearity. This characteristic is con- 
veniently described on the assumption that the 
external sound pressure wave P which comes to 
the ear drum, if it is large in amplitude, is dis- 
torted as it proceeds toward the nerve endings 
which actually send off the auditory messages to 
the brain. This distortion, or nonlinearity, may 
be attributed to various elements of the middle 
ear or inner ear structures, but it is usually 
assumed that the displacement X at the nerve 
endings causes a linear response—that is, that 
all the distortion occurs before the wave reaches 
the nerve end-organs. 

This assumption of nonlinearity in the trans- 
mission elements of the ear gives immediate ex- 
planation of pitch perceptions contrary to Ohm's 
law. Such perceptions would be due to Fourier 
components of X which were not in P but were 
introduced by the distortion. In other words, this 
theory replaces the external wave P of Ohm's 
law by the inner wave X at the nerve endings, 


? See Fletcher, Speech and Hearing, Part 3, Ch. IV, and 
Appendix C. 
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and says that to every Fourier component of X 
there will correspond one and only one pitch 
perception. 

The nonlinearity assumption also accounts for 
the phase effect. In phase effect experiments, with 
the notation already used, P= P»+P.; and cor- 
respondingly, X=X o+X.+Xo, where Xo is 
the inner wave due to Py alone, X, that due to 
P, alone, and Xo, the combination or interaction 
terms due to the fact that Py and P, are trans- 
mitted simultaneously. The components of Xo 
are fixed in phase, while the phases of the com- 
ponents of X, and of Xo. vary with ¢, the epoch 
angle of the exploring tone P,. The fixed phase 
components then interfere with variable phase 
components of the same frequencies, the inter- 
ference being constructive or destructive accord- 
ing to the value of ¢. Hence, the ear hears a 
phase effect, i.e., a dependence of the heard 
sound on ¢. 

We accept the theory as stated thus far as a 
useful part, for the present at least, of the theory 
of hearing. But an important simplifying as- 
sumption was introduced (tacitly, so far as we 
know) by the proponents of the theory, which is 
no longer justifiable. This is that the Xo, terms 
are negligible in importance, and that any terms 
in X, different in frequency from P, are also 
negligible. This assumption is implied in naming 
P,. an “exploring’”” tone—the implication being 
that P, can be used purely as a probe to study 
Xo, without disturbing it. If this were true, the 
phase effect would consist simply of changes in 
the prominence of the component of X having 
the frequency of P., a conclusion not in accord 
with observation. 

Two unfortunate tendencies have manifested 
themselves as consequences of this false assump- 
tion. On the one hand, the results of valuable 
experiments on phase effect have been misin- 
terpreted. The most striking example of this is 
the so-called ‘‘measurements”’ of the magnitudes 
of subjective tones with an exploring tone ad- 
justed for best beats.* In the second place, it has 
become customary to accept phase effect as suf- 
ficient evidence of the existence of subjective 
tones, regardless of whether the phase effect, as 
heard, involves the pitch of the subjective tone 


5 Fletcher, J. Acous. Soc. Am. 1, 311(1930); von Bekesy, 
Ann. d. Physik 20, 809 (1934). 
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Fic. 1. Critical values of k and ¢. Upper half of figure 
gives k (sound pressure level of harmonic relative to fun- 
damental) plotted against @ (epoch angle of harmonic 
relative to fundamental) as adjusted for minimum loud- 
ness, for ten ears and average of ten ears. Lower half shows 
values of k and ¢ as adjusted for minimum roughness. 


in question.* Means for correcting these two 
tendencies will be suggested later, after a state- 
ment of the experimental work which prompted 
the new appraisals. 


EXPERIMENTAL EQUIPMENT AND PROCEDURE 


A large portion of the apparatus involved has 
been described in a previous publication on the 
steady tone phase effect.* This includes the elec- 
trostatic inductor alternators for generating 
tones of 100, 200, 300, 400 and 500 c.p.s.; the 
555 w receiver for producing the sound pressure ; 
and the T-shaped sound cavity, with the receiver 
and earpiece at opposite ends of the cavity and 
the condenser microphone on the branch. The 
principal modification consisted in the provision 
of accurate and calibrated phase controls, so that 
the phase relations could be actually measured. 

Two further refinements of apparatus should 
be mentioned. First, by adding extra filter ele- 
ments, an exceptional degree of purity was 
maintained in the objective tones. None of the 
tones used had any harmonic whose sound 
pressure level was not at least 50 db below the 
level of the tone itself. These figures refer to the 
actual sound pressures (not to the voltages fed 
to the receiver) as measured with the condenser 
microphone connected into the cavity. Second, 

‘Fletcher, Speech and Hearing, p. 


Lindsay, Acoustics, p. 226. 
5 Chapin and Firestone, J. Acous. Soc. Am. 5, 173 (1934). 
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Fic. 2. Loudness changes in phase effect. Tail ends of 
arrows give loudness of combined fundamental and _har- 
monic with k and ¢ adjusted for minimum loudness (above) 
and for minimum roughness (below). Heads of arrows give 
loudness with ¢ changed by 180°. Lengths of arrows there- 
fore measure loudness variation in phase effect. Loudness of 
fundamental alone was 104 db. Arrows above ‘‘A”’ are 
averages for ten ears. 


provision was made for making true loudness 
comparisons between the 100-cycle fundamental 
alone and the fundamental and one of its har- 
monics together. 

The experiments involved presentation, to one 
ear at a time, of a sound pressure made up of two 
tones: 

P=Al{.cos 2xft+k cos (2rnft+ ¢) J, (2) 
with f=100 c.p.s. and n=2, 3, 4 or 5. The value 
of the epoch angle ¢ in expression (2) serves to 
define the phase relation between the two tones. 
The amplitude A was fixed at such a value that 
the sound pressure level of the fundamental 
was 104 db above 0.0002 bars. (This is a suf- 
ficient, but not a necessary, condition for ob- 
serving phase effect. A quite noticeable effect 
was obtained with the fundamental at 72 db 
and the second harmonic at 60 db.) & and @ were 
variables, to be adjusted by the observer. 

With the fundamental and a given harmonic, 
a value of k could be found such that the effect 
of ¢ on the heard sound was most noticeable. 
With this value of k, the heard sound was ob- 
served to vary both in loudness and in quality 
as @ was changed. Measurements were therefore 
made in two sequences, which we shall call the 
minimum loudness settings and the minimum 
roughness settings. 
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For the minimum loudness settings, the ob- 
server first set k and ¢ on those values (k;, and 
1) which made the loudness a minimum. Then, 
with these settings unchanged, the observer 
compared the loudness of the combined tones 
with the loudness of the fundamental alone. 
Next, ¢ was changed to the value ¢,+180°, and 
the loudness comparison was repeated. 

Minimum roughness settings were made in 
the same way, except that k and @ were set on 
those values (kr, or) giving minimum roughness. 
Loudness comparisons followed as above. The 
roughness, which depended noticeably on ¢, was 
built up of high-pitch components into a quality 
which observers agreed more or less in describing 
asa “buzz.” 


MEASUREMENTS 


Values of kz, or, Re and $e are given in Fig. 1 
for the ten ears measured, as obtained with 
second and third harmonics. Each plotted point 
represents the average of five or six settings. 
The points marked A give the averages of the 
ten ears. Ears 1 and 2, 3 and 4, 5 and 6, 7 and 8, 
9 and 10, belong, respectively, to given ob- 
servers. Fig. 2 presents results of the loudness 
comparisons. Note that a combination of two 
tones in certain phase relations is less loud than 
one of the tones alone. 

The deviations between individuals and _ be- 
tween ears are seen to be considerable. Primarily 
responsible are the psychological differences in 
the concepts associated, temporarily or per- 
manently, with the words “loudness” and 
“roughness.’’ An example of this was discovered 
in the aberration of ears 7 and 8 on second har- 
monic settings. But that physiological factors are 
also concerned follows inescapably from the fact 
that ears 1 and 2, belonging to the same observer, 
differ widely in values of $1 for second harmonic. 
This difference between ears 1 and 2 was care- 
fully substantiated, and prompted a check on 
threshold and equal loudness characteristics of 
the ten ears used. The differences revealed in 
these characteristics, however, could not be cor- 
related with the settings on $,. Probably dif- 
ferences in $, are related to more subtle or less 
familiar features of the hearing organs. 

Minimum loudness and minimum roughness 
settings were also made with the fourth and with 
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the fifth harmonics. The results, especially with 
the fourth, were less clear-cut than with the 
lower harmonics. This was not because the phase 
effect was so much less noticeable, but because 
it was less definitely a direct variation between 
maxima and minima of loudness or of roughness 
—a variation which was not too outstanding 
even with harmonics two and three. These set- 
tings are not listed here for individual ears. Fig. 3, 
however, summarizes the averages of all measure- 
ments taken. 


FURTHER OBSERVATIONS 


Early in the course of listening to the phase 
effect, it became clear that this effect could not 
be interpreted in ‘‘exploring tone” terms. Instead 
of an outstanding variation in the component 
heard on the pitch of P., the phase effect revealed 
a complex cycle of quality and loudness changes, 
of which the change in the prominence of the 
fundamental was most noticeable. It seemed, 
therefore, pointless to try to use the phase effect 
as a probe method of studying the phases and 
amplitudes of the subjective harmonics of the 
fundamental. 

According to the nonlinearity theory, this 
complexity of the phase effect would arise from 
the simultaneous transmission, over the same 
nonlinear elements, of the two sounds, Py and P,. 
This suggests two ways of avoiding the difficulty, 
by transmitting P» and P, either over different 
paths or at different times. 
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Fic. 3. Summary of measurements. Data of the types 
given in Figs. 1 and 2 are here combined for the average 
results obtained with harmonics II, III, IV and V. The 
crosses give values of k and ¢, while the arrows, drawn to 
the scale shown on the figure, show the loudness variations. 
The arrows are spaced relative to the crosses so that the 
position of the crosses designates the loudness of the 
fundamental alone (104 db). 
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If P, were transmitted to the inner ear entirely 
by bone conduction, it would escape whatever 
distortion is caused by the tympanum and os- 
sicles. On this consideration some experimental 
work was done presenting the fundamental by 
air (tone I4) and the second harmonic by bone 
conduction (tone II,). 

At first, tone I, was presented from the usual 
sound cavity to one ear, and tone IIx was pre- 
sented to the same ear by pressing the disk of the 
bone conduction receiver against the bone back 
of the pinna. With this arrangement, no phase 
effect could be heard, indicating apparently that 
the effect is caused by the middle ear. Actually, 
however, enough II, was being conducted across 
the head to the supposedly unused ear to mask 
any phase effect that might otherwise have been 
noticed. 

The necessary apparatus was arranged, there- 
fore, to present tones in the same strength and 
phase to both ears at once. With this set-up, the 
phase effect was first observed with tones I and 
II both presented by air to both ears. With such 
strong sounds in both ears, not only the loudness 
sensation, but also the phase effect, became con- 
siderably more powerful than when only one ear 
was involved. (It had previously been established 
that no phase effect occurs when tone I is pre- 
sented by air to one ear and tone II by air to the 
other ear.) 

Tone II, was presented to both ears at once 
by pressing the disk against the point of the 
chin; the lower jaw-bone served to transmit the 
sound in good strength and equality to the two 
ears. In this way a decided phase effect was 
observed with tones I, and II, in both ears at 
once. This effect appeared to differ very little 
from that observed with I, and II, in both ears, 
except that it may have been a shade less 
noticeable. 

These experiments with bone conduction, al- 
though interesting, are for several reasons incon- 
clusive as to the part the middle ear takes in 
causing phase effects. For one thing, it was hard 
to know how pure tone II, was. And it was hard 
to estimate how much of tone IIs was conducted 
to the inner ear through the tympanum and 
ossicles, due to vibrations of the skull causing 
pressure variations in the auditory passage or 
shaking the tympanum directly. 


TRIMMER AND 


F. A. FIRESTONE 

The second method suggested above for elim- 
inating the complexity of the phase effect from 
exploring tone experiments was to present the 
exploring tone P, and the sound P» at different 
times. Certain methods based on the effects of 
aural fatigue present a valid means for using P, 
after Py) has been listened to. If these methods 
are sensitive enough to reveal all the components 
of the inner wave Xo, they have the great ad- 
vantage of exploring the sound without disturb- 
ing it as other exploring tone methods do, 
Experimental work was begun along this line, 
and further work is now in progress. 


RELATION BETWEEN P AND X 


Rapid progress is being made in applying direct 
measurement methods, especially electrical, to 
study of the response of the ear. If such methods 
eventually succeed in definitely locating the seat 
of the nonlinearity of the ear, it may well be 
that a good portion of the distortion will be 
found to occur after the sound has reached the 
end-organs. In any case, the assumption of a 
nonlinear relation between P and X, as pre- 
sented in the above section headed ‘‘Aural Non- 
linearity,”’ will always be a convenient means for 
concise and concrete description of all available 
information on the way the ear responds to 
sounds of large amplitude. 


The assumed relation between P and X might” 
be specified either as an explicit function or ina, 


differential equation; that is, as 
X =dyt+a,P+a2P?*+a;3P*+a,P'+---, (3) 
or as 
F(P, X, dX /dt, @WX/dt, ---,d"X/dt")=0. (4) 


This choice is not in general an indifferent one. 
For example, suppose experiments performed to 
determine whether the components of X are in 
the same relative phases as the components of P. 
Unless the relation between P and X is a differ- 
ential equation involving derivatives of first (or 
other odd) order, no observed phase shift (other 
than 180°) could be incorporated into a theory 
based on the assumed relation. In a simple 
mechanical system, one may say that at low 
frequencies the vibrations are stiffness controlled, 
so that (3) is a good approximation; at fre 
quencies near resonance, the frictional term in 
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dX /dt would be important; and at higher fre- 
quencies, the mass would be the controlling 
factor, whereby the emphasis would be put on 
aX /dt’. é 

For present purposes, which are chiefly to 
discuss and emphasize certain known facts about 
the response of the ear at low frequencies, it will 
suffice to use the simpler kind of relation, namely 
the power series (3). Then by way of illustration, 
substitution into Eq. (3) of the expression given 
for P in Eq. (2), assuming the series (3) to end 
with the term in P®, yields 


X =do+ 3d2+ (34/8) +4k(3a3+5a5) cos > 
+[ai+ 3a3+ (5a;/8) ] cos wt+ }k(2a2+3a,) 
X cos (wt+ o) + 3kay cos (wt— o) + 3(d2+<a4) cos 2wt 
+k[a:t (3a3/2)+(15a;,//8) ] cos (2wt+ ¢) 
+ (5ka;, 16) cos (2wt— ) +4[a3+ (Sa;5/4) ] cos 3wt 
+4k(2a2+3a4) cos (3wt+ ¢) 

+ (higher frequency terms), (5) 


wherein we have put the amplitude A =1, n=2, 
and w=2rf. 

Considering Eq. (5) as a relation between X 
and ¢, one would predict from it two general 
characteristics of the phase effect with the second 
harmonic: first, the extremes of loudness or other 
aspects of the heard sound would be expected at 
¢=0° or ¢6=180°; second, the phase effect would 
be a complicated aural experience, not charac- 
terized outstandingly by the variation of the 
second harmonic component. The extent to 
which the average minimum loudness settings 
reported above (167° and 321°) approximate 0° 
or 180° measures the fulfilment of the first pre- 
diction, and also relates to the justifiability of 
neglecting dX/dt at frequencies from 100 to 
1000 c.p.s. Regarding the second prediction, it is 
decidedly fulfilled. Granted that with certain 
assumptions about the signs and magnitudes of 
the coefficients a,, one might find the principal 
variation of (5) with ¢ to be in the second har- 
monic component, it must be emphasized that 
these special assumptions are not in accord with 


the observations made with a fundamental of 
100 c.p.s. 


DEFINITION OF SUBJECTIVE TONE 


The close relation between the concept of sub- 
jective tone and the interpretation of phase effect 
experiments deserves more careful scrutiny than 
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it has received heretofore. The important dif- 
ficulties revealed by such scrutiny may be set 
forth best, perhaps, by proposing here a formal 
definition of the term “subjective tone.’’ (This 
term has been promiscuously used for perhaps 
fifty years, so it is hardly too early to attempt 
its definition.) 

It would be easy, for instance, to say that a 
subjective tone is a Fourier component of the 
inner wave X. But this definition would have the 
great weakness of being based entirely on a par- 
ticular theory of hearing, rather than directly on 
experimental facts. 

The definition to be proposed here is as 
follows: 


A subjective tone of a given frequency is a component 
in a sound as heard, whose existence can be demonstrated 
by the presence of one or more of the principal physio- 
logical or psychological effects produced by an objective 
tone of the given frequency when sounded by itself. 

Typical of the effects of an objective tone are 
the following: 

1. The psychological perception of pitch by intro- 
spective attention to the heard sound. 

2. Phase effect, on the pitch of the tone in question; i.e., 
phase effect consisting simply (or at least principally) of a 
variation in the intensity of the one tone. 

3. Fatigue effects. 

4. Disintegration of portions of the basilar membrane, 
electrical effects at the cochlea or at the auditory nerve, 
and perhaps other mechanical, electrical or chemical effects 
attending the hearing process. 


Of this list, only the first may serve, at present, 
to define subjective tones of frequencies different 
from the frequencies of the objective tones. 
Experiments to see whether fatigue effects can 
define subjective tones are now in progress at the 
University of Michigan, as mentioned above. 
There may soon be more definite results, too, 
along the rapidly developing lines of 4. 

Regarding 2, the subject of this paper, let it be 
emphasized once more that no one who has 
listened to the phase effect between objective 
tones not at unison has ever reported hearing 
anything like the phase effect between two ob- 
jective tones at unison. Until such an observa- 
tion has been made and reported, it will be wise 
not to use the term “subjective tone” to refer 
to what should be called by the equally brief, 
and much more pertinent, name of “phase 
effect.” 
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Measurements of the velocities of ultrasonic waves were 
made in carbon dioxide, nitrous oxide, and sulphur dioxide 
at temperatures from 30°C to 150°C. The fundamentals of 
seven quartz oscillators were used to obtain frequencies 
from 40 kc/sec. to 105 kc/sec. The gases were heated by 
passing them through a coil of copper tubing surrounded 
by a heating unit, both being wound around the gas 
chamber in which wave-length measurements were made. 
This chamber was a modified Kundt’s tube with movable 
reflector for producing standing waves. The reflector was 
carried by a screw with a pitch of one millimeter and a 
dial graduated in hundredths of a millimeter. As the re- 
flector passed through the nodes and loops the varying 
amount of energy reabsorbed by the electric circuit made 
it possible to determine the wave-length by the reaction 


THE PROBLEM 


HE investigations of Pierce,’® Kneser,"! 
Railston and Richardson,'® and others show 

that the velocity of a compression wave in carbon 
dioxide is not independent of the frequency as is 
the case with waves in the audible range of 
frequencies. Kneser has attempted to explain 
this dispersion on the basis of the manner in 
which the absorbed energy is stored up within 
the atom. Penman’ does not agree with Kneser’s 
theory but does not suggest a substitute. Enough 
is not yet known about the internal structure of 
the molecule to give sufficient evidence to form 
an acceptable theory. This paper is a report on an 
investigation begun for the purpose of accumu- 
lating additional data on this topic. The investi- 
gation by Penman gave some very interesting 

















Fic. 1. Section through the resonating chamber. 


of a radiofrequency milliammeter in the energizing circuit, 


The frequencies of the oscillators were determined by a 
frequency meter constructed for this work and calibrated 
by beating with WLW. The velocities thus obtained were 
reduced to 0°C and plotted against temperature at which 
the measurements were taken. In all three gases the velocity 
increases with increasing frequency but the increase is 
greater in carbon dioxide than in the other two gases. The 
velocity (Vo) at any frequency is practically constant at 
all temperatures in N2O and SOs, but in CO, the curve is 
flat for the lower temperatures, decreases rapidly by from 
six to ten meters per second in the temperature range from 
50° to 130°, and again becomes constant at the higher 
temperatures. 


but inconclusive results. Hence it seemed de- 
sirable to repeat his experiment and extend it to 
include a greater number of frequencies. 

The investigation consists in determining the 


velocity of an ultrasonic wave by means of a- 


Kundt’s tube as modified by Pierce. Standing 
waves are set up by means of an oscillating 
quartz rod and a movable reflector set at varying 
distances in front of the crystal. The nodes and 
loops are detected by a milliammeter in the 
energizing electric circuit. The current varies to 
a very marked degree due to a variation in the 
amount of energy reabsorbed by the electric 
circuit as the reflector passes through the nodal 
points. The velocity was determined for seven 
frequencies varying from 40 kilocycles per second 
to 105 kilocycles per second, for temperatures 
varying from 30° to 150°C, and for three tri- 


atomic gases; namely, carbon dioxide, sulphur 


dioxide, and nitrous oxide. 





Fic. 2. Gas chamber and connections. 
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Fic. 3. The electric circuit. 


Tue APPARATUS 


The apparatus used was very similar to that 
used by Penman. The gas chamber consisted of a 
piece of iron water pipe 23 inches in diameter and 

1 inches long. Flanged iron end pieces were 
fitted over each end, mason jar rubbers being 
used as gaskets. The one end piece carried the 
crystal holder, two electric binding posts, and 
the gas outlet tube. The other end piece held the 
reflector, the gas inlet tube, and a thermometer. 
This chamber was placed inside a second section 
of iron pipe 3 inches in diameter and 73 inches 
long, over which was wound a coil of sixteen 
turns of copper tubing of 6 inch diameter. A 
sleeve of tinplate was slipped over the copper 
coil, and the sleeve then covered with a thin 
layer of alundum cement. A heating coil capable 
of carrying five amperes was wound over the 
soft cement and then covered with another 
layer of the cement. A double layer of asbestos 
paper formed the outside coat. While in operation 
the ends of the gas chamber were covered with 
hair felt, which could be removed easily as the 
chamber cooled off. Fig. 1 shows a longitudinal 
section through the gas chamber. 

The crystal holder consisted of a heavy brass 
platform 80 mmX40 mmX4 mm attached to 
and insulated from the one end of the chamber. 
The sides and back of the holder were made of 
Bakelite; the front end was left open. The brass 
platform formed the lower electrode; the upper 
electrode was of aluminum one millimeter thick 
and large enough to cover the crystal used. 
A copper wire soldered to the lower electrode con- 
nected it to the binding post. The upper connec- 
tion was made by a rather stiff ‘‘cat-whisker.”’ 
While in operation the air chamber was raised 


slightly at the front end to prevent the crystal 
from sliding forward in the holder. The crystal 
rested loosely in the holder and was always set 
so that it was flush with the front end of the 
lower electrode. 

The reflector was a brass disk about four 
centimeters in diameter attached to the end of 
and at right angles to a brass screw of one 
millimeter pitch. The opposite end of the screw 
carried a disk graduated in one hundred division 
which traveled along a millimeter scale thus 
making it possible to read variations in reflector 
distances to 0.01 mm. The reflector could be 
advanced to within about five millimeters of the 
crystal. In practice, however, it was necessary to 
keep the reflector a centimeter or more away 
from the crystal because the circuit absorbed so 
much energy when the reflector was brought 
near the crystal that oscillation ceased. 

The gas was brought in through a calcium 
chloride drying tube. On leaving the chamber it 
again passed through a second calcium chloride 
tube, joined to a water manometer, then out 
through a water trap as shown in Fig. 2. This 
trap made it possible to keep the pressure in 
the chamber slightly above atmospheric pressure 
and thus insure a slow leak outward around the 
screw, since a stuffing box was not used to make 


TABLE I. 








FREQUENCY IN 





CRYSTAL No. DIMENSIONS IN CM KC/SEC. 
I 6.90 x 2.45 X 1.080 38.6 
II 5.52 2.00 X 1.047 48.4 
III 4.68 2.50 .776 57.6 
IV 4.05X2.10 .778 65.8 
V 3.03 X 2.62 .985 86.5 
VI 2.87X1.94X .886 93.2 
VII 2.22X2.61X .980 104.5 
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this gas tight. The pressure was maintained at 
about one centimeter of water above atmos- 
pheric pressure. No attempt was made to hold 
the pressure absolutely constant, all measure- 
ments being made at just above the current 
barometric pressure, which was approximately 
750 mm. 


THE ELEctTrRIc CIRCUIT 


The electric power was derived from an a.c. 
power line rectified by a 5Z3 valve and suitable 
filter giving a range of plate potentials of from 60 
volts to 500 volts. The operating potential used 
was from 230 to 290 volts across a 47 tube used 
as a triode with tuned plate circuit. The quartz 
was connected from plate to grid. Meters were 
used in all parts of the circuit as indicated in the 
diagram (Fig. 3) in order to assist in setting the 
proper inductance and capacity, and with the 
hope of detecting excessive vibration of the 
quartz. The milliammeter in the quartz circuit, 
however, never indicated over ten milliamperes 
while the quartz was vibrating properly. The 
milliammeter in the condenser branch of the 
tank circuit was used as the indicating meter 
except for the higher frequencies during the 
period of great absorption of energy by the 
carbon dioxide. Then it was necessary to tune 
very close to the peak and the meter in the main 
circuit proved more sensitive. 

The capacity used varied from 0.0004 micro- 
farad to 0.002 microfarad and the inductance 
from 4 to 14 millihenries depending upon the 
crystal in operation. The inductance coils were 
from about 15 cm to 35 cm long, 15 cm diameter 
and had from 200 to 500 turns of wire. For the 
larger crystals it was found necessary to use a 
feed-back coil of 50 turns placed at the end of the 
inductance. 


THE QUARTZ CRYSTALS 


The frequencies used were the fundamentals of 
seven quartz crystals. No. I was supplied by the 
Instrument Engineering Corporation of Indian- 
apolis. Nos. V and VII were originally supplied 
by the General Electric Company but one end 
of each had been broken off and were later 
ground to their present lengths. The remaining 
four oscillators used were cut by the investigator 
from one right-handed crystal of Brazilian 


WARNER 


quartz supplied by the Diamond Drill and Car- 
bon Company, 53-63 Park Row, New York, 
N. Y. All the crystals were X-cut and ground to 
uniform thickness with a tolerance of 0.005 cm. 
The dimensions of the crystals are given in 
Table I. 


CALIBRATION OF CRYSTALS 


In order to determine the frequencies of the 
crystals a frequency meter was constructed 
covering the range from 22,000 to 90,000 cycles 
per second. This was calibrated by first com- 
paring it with a standard meter which over- 
lapped the upper range of frequencies desired. 
By this comparison it was possible to obtain the 
approximate frequency for a part of the scale 
of the new meter. The meter was then beat 
against a broadcasting station and a series of 
response points determined. From the known 
frequency of the broadcasting station and the 
approximately known frequency of the meter it 
was possible to determine the harmonic of the 
meter which was beating with the broadcasting 
station. In this manner harmonics from the 9th 
to the 33rd were used to beat against WLW, a 
station which claims to hold within ten cycles 
of the frequency allotted. For example: a beat 
note was obtained for a dial reading of 7.5. 
Comparison with the approximate calibration 
from the standard meter showed this to have a 
frequency in the neighborhood of 70,000 cycles, 
hence the broadcasting station (w= 700,000) was 
beating with the 10th harmonic of the oscillator 
being calibrated. Other responses were thus 
obtained for 23 points, a sufficient number to 
give a very reliable curve. 

At frequent intervals throughout the period of 
the experiment the meter was checked against 
WLW and other stations including WHAS, 
WSB, KMOX and WHO, thus insuring that 
changes of temperature and humidity had not 
seriously affected the calibration curve. 

The frequency of each crystal was checked by 
the meter at frequent intervals during the 
progress of a run to detect changes of frequency 
due to temperature or other causes. In addition 
each crystal was beat directly against some 
broadcasting station and the beat note com- 
pared with a tuning fork, or with a siren when no 
tuning fork whose pitch bore a simple ratio to 
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the beat note was available. In this manner it 
was possible to determine the frequencies accu- 
rate to the third significant figure, while the 
graph of the frequency meter alone left the third 
significant figure doubtful in some parts of the 
scale. The graph did not extend sufficiently high 
to give the fundamentals of the two highest 
frequencies used, but it was always possible to 
obtain responses for the second and third har- 
monics, thus leaving no doubt about the. fre- 
quency used. 

It was possible to set each crystal vibrating in 
one or more harmonic frequencies by proper 
tuning, but the harmonics are much more 
difficult to use, especially where the absorption 
of energy by the gas is great, and since these 
higher frequencies were not needed, only the 
fundamentals were used. The presence of these 
harmonics, however, makes it very desirable to 
use the frequency meter because a check of 
frequency can be made at any time while the 
readings are being taken without loss of time. 


SoURCES AND Purity oF GASES USED 


The carbon dioxide used was obtained from 
the Liquid Carbonic Corporation, 3100 South 
Kedzie Avenue, Chicago, Illinois. The average 
purity is given by Mr. E. D. Hale, Chemical 
Engineer for the company, as 99.96 percent COs, 
the impurities being air with the usual pro- 
portions of oxygen, nitrogen, and a_ small 
amount of water vapor. The latter was removed 
by the drying agents used. 

The nitrous oxide was obtained from the Ohio 
Chemical and Manufacturing Company, 1177 
Marquette Street, N.E., Cleveland, Ohio. The 
manufacturer’s test showed approximately 97 
percent nitrous oxide, the remaining 3 percent 
being practically all nitrogen. 

The sulphur dioxide came from A. Daigger, 
159 W. Kinzie Street, Chicago. A report from 
the testing laboratory of this firm gave total 
impurities less than 0.02 percent most of which 
was moisture. 

Before starting a series of readings the gas 
was allowed to flow through the apparatus rather 
rapidly for fifteen or twenty minutes. The rate of 


flow was then reduced to an amount just suffi- © 


cient to maintain a slight pressure above atmos- 


pheric pressure, and a determination of velocity 
was made. The slow rate of flow was then 
continued for about ten minutes longer and a 
new velocity determination made. If any sig- 
nificant change in velocity was found, more 
time was allowed for complete purification of the 
gas in the chamber and another trial made. 
When the trials showed a constant velocity the 
series of observations was begun. 


METHOD OF TAKING READINGS 


It was found desirable to heat the chamber to 
a temperature of about 150°C and then take 
readings as it cooled off. By this method the 
temperature could be kept nearly constant for a 
sufficient time to make a determination of 
velocity. Since the resonance points are not 
sharp it is not possible to measure accurately a 
single half wave-length, hence the reflector was 
moved through as great a number of half wave- 
lengths as the length of the screw and the 
energy of the oscillations permitted. The number 
of half wave-lengths through which the reflector 
could be moved varied from six to twenty. 
Each such series of half-waves was measured 
from ten to fifty times and the distances averaged 
in making one determination. Each point tabu- 
lated represents the velocity obtained from the 
average of sixty to several hundred half wave- 
lengths, thus eliminating variations due to lack 
of sharpness in the resonance positions and to 
inaccuracies in the screw. 

From the mean values of wave-length and 


TABLE II. Quartz no. I. n=38.6 ke/sec. 





CO2 N20 SO2 





26.6 | 263.2 37.3 255.6 40.2 


207.6 
33.8 | 263.7 43.0 255.5 46.5 208.0 
45.9} 263.5 52.0 255.2 53.9 208.5 
54.6| 263.6 63.8 254.5 64.8 208.3 
64.8 | 262.8 74.3 255.1 75.3 208.1 
74.6} 261.4 85.4 255.1 85.9 208.4 
84.9} 260.7 95.8 254.2 95.9 208.1 
94.0 | 260.4 104.2 254.2 107.2 208.4 
105.5 | 258.7 115.2 253.4 116.0 207.9 
115.2 | 258.6 124.2 254.1 125.0 208.2 
125.0 | 257.7 135.2 253.9 136.5 208.3 
134.4 | 257.2 144.5 254.2 148.6 207.8 
143.3 | 257.6 151.9 254.6 
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Fic. 4. Graphs showing the variation of velocity (vo) with 


Velocity in Meters per Second 
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38.6 kc/sec. 


48.4 ke/sec. 


57.6 kc/sec. 


65.8 kc/sec. 


86.5 kc/seo. 





ay 93.2 kc/sec 





2 104.5 ke/sec. 





Temperature in Degrees Centigrade 


temperature in COg. 


WwW. 
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temperature the velocity at zero degrees centi- 
grade was computed by the formula 


273 \3 273 \} 
to=n(——_) = mn(— ) ‘ 
t+273 t+273 


This was done in order to eliminate changes in 
velocity due to varying density, leaving only 
changes due to other causes which have been 
attributed to the various ways in which energy 
may be absorbed by the atoms constituting the 
molecules of the gas. 

Table II shows the data obtained by use of 
quartz No. I. Data for the other frequencies are 
not tabulated but all results are shown in the 
graphs (Figs. 4-6). 

Table III gives a summary of the results 
shown in the graphs above. It also shows the 
velocity of the waves of each frequency in air, 
these measurements being taken at room tem- 
perature only, about 30°C and reduced to 0°C. 





CONCLUSIONS 


The results show that in carbon dioxide the 
velocity of waves of ultrasonic frequency, when 
reduced to 0°C, increases with the frequency up 
to frequencies of about 55 kilocycles per second 
when measurements are taken at temperatures 
of from 25°C to 40°C. But for frequencies 
between 55 and 105 kilocycles per second the 
velocity is constant at about 269 meters per 
second. When measurements are taken at higher 
temperatures and the velocities reduced to 0°C 
the velocities for all the frequencies tested 
dropped rapidly at some temperature between 
50° and 130°C and approached a constant value 
of about 259 meters per second when the tem- 


TABLE III. Table showing a summary of results. 











VELocity AT 0°C in Eacu Gas 

















CO2 
Crys- FRE- _ 
TAL | QUENCY 
No. KC/SEC. Max. | Min. N20 SO2 Air 
I 38.6 | 263.3 | 257.3 | 254.6 | 208.2 | 330.3 
II 48.4 | 264.5 | 257.4 | 256.1 209.6 | 332.9 
Ill 57.6 | 269.2 | 259.8 | 259.2 | 212.7 | 332.7 
IV 65.8 268.4 | 259.1 259.2 211.2 332.9 
V 86.5 | 269.2 | 259.8 | 258.7 | 213.2 | 331.2 
VI 93.2 | 269.8 | 259.3 259.2 211.4 | 331.6 
VII 104.5 | 269.9 | 259.2 | 258.3 | 211.2 | 331.0 
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perature at which the measurements were taken 
reached 150°C. 

For the other two gases studied only one case 
shows a decrease in velocity as the temperature 
at which the measurements were taken in- 
creased. This was for the frequency of 38.6 
kilocycles per second in nitrous oxide, where the 
decrease in velocity amounted to about two 
meters per second. In all the other cases studied 
the velocity remained practically constant. for 
any given frequency. There is, however, a slight 
increase in the velocity for the higher frequencies 
at all temperatures at which measitrements were 


taken. 
In air the velocity was measured only at room 
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Fic. 5. Graphs showing the variation of velocity (vo) with 
temperature in N.O. 
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temperature. No attempt was made to purify 
the air which no doubt varied slightly from day 
to day, except to remove the water vapor. 
These measurements give practically the same 
velocity in air as for waves of audiofrequency. 
Since this is true the computation might be 
reversed by assuming the velocity in air and 
solving for the frequency, thus making use of 
this method as a rough means of determining 
the frequency of a quartz oscillator where a 
more reliable method is not available. 

No theory for explanation of the results ob- 
tained is here presented. Further study seems 
advisable. It is planned to carry this investiga- 
tion further, both at higher and lower tempera- 


ze 38.6 kc/sec. 





48.4 kc/sec. 
. ° SO eS ee 


Velocity in Meters per Second 





= 93.2 ke/sec. 
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Fic. 6. Graphs showing the variation of velocity (vo) with 
temperature in SO:, 
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tures, and at frequencies from the audible range 
up to forty kilocycles per second. 
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A Chromatic Stroboscope 


O. L. RAILsBAcK 
Indiana University, Bloomington, Indiana 


(Received April 10, 1937) 


A stroboscope is described which permits direct reading of any pitch with a precision greater 
than that of the ear. The readings are made in terms of musical scale notation instead of 


frequency. 





METHOD to be satisfactory in the meas- 

urement of pitch, or its physical counter- 
part, frequency,’ in any extensive study in sound 
or music must include the three features: 

(1) Precision. The error in measurement must 
be at least smaller than is detectable by the ear. 

(2) Direct reading. This not only reduces the 
labor in making observations but it also makes it 
possible in many experiments and tests to see and 
measure the effect while the cause is present and 
so to observe the effect of changes while they are 
being made. 

(3) Flexibility. For the method to be adapt- 
able to general problems the apparatus must 
function for all frequencies that lie within the 
range of investigation. For many studies this will 
include the major part of the so-called “‘audio- 
range.” 

The apparatus herein described has been de- 
veloped to provide all three of these attributes. 
Usually methods of frequency measurement have 
included one or two of these characteristics in a 
satisfactory manner but not all three. 

The sound, whose pitch or frequency is to be 
determined, is received by a microphone and 
amplified. The amplifier has sufficient gain and 
power to flash six 3-watt 110-volt neon lamps 
with the frequency of the sound under test. These 
neon lamps are placed in a suitable position to 
illuminate the surfaces of twelve stroboscopic 
disks made in the conventional manner,’ as 
shown in Fig. 6. These disks are rotated by gears 
as shown schematically in the diagram, Fig. 1. 
For the purpose of simplifying the drawing the 

1 The writer is not unmindful of the work of Fletcher 
(H. Fletcher, J. Frank. Inst. 220, 405 (1935)) and others, 
which shows that there are other physical factors besides 
frequency which determine the pitch as heard by the 


listener. However, in this paper it is convenient to con- 


sider the effect of frequency only in determining the pitch 
in question. 


*H. Lamson, J. Acous. Soc. Am. 7, 51 (1935). 


complete parts are not shown. The drawing is 
to be regarded as schematic only. There is a 
series of gears connecting each disk shaft with 
the next adjacent disk shaft with the ratios 49/37 
and 24/30. These ratios reduce to 1.0594595. 
Now the twelfth root of two is 1.0594631 so that 
the shafts are geared to each other in the ratio of 
the twelfth root of two, accurate to three and 
one-half parts in a million. As shown in the 
diagram (Fig. 1) one series starts with A and 
extends up to C and another series starts with A 
and extends down to C#. Thus at whatever speed 
the A disk is rotating the remaining disks will 
rotate at speeds correct for the equally tempered 
scale. Since there are twelve disks all the half- 
tones of the musical scale are provided. The 
pattern on each disk is arranged for doubling the 
frequency in going outward through successive 
rings from the center. In this way provision is 
made for testing in terms of the half-tones of the 
equally tempered scale the full range from 
33.7 c.p.s. to 4803 c.p.s. if the synchronous 
motor is turning at 1800 r.p.m. which is its 
normal speed. 

Flexibility is attained by a motor and gear 
combination as shown in Fig. 1. Four speed 





Fic. 1. Schematic gear diagram. The electrical tachometer 
is also included. 
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elements are coupled by gears of two differentials. 
Three of these elements are rotated at separately 
controlled speeds so that the fourth rotates at a 
speed which is the sum and difference of the 
other three. Gear (a) is direct coupled to the 
synchronous motor whose speed is fixed by the 
frequency of the driving current. From (a) a 
reduced fixed speed is communicated to (b). The 
speed reduction is 10.37 to 1. Gear (c) is driven 
by a small friction governor variable speed 
motor and turns in a direction opposite to that 
of (6). Thus if (6) and (c) are running at the 
same speed the ring gears connecting the two 
differentials are motionless. In this case the 
speed of the disk A is proportional to that of the 
synchronous motor. If the variable motor gear 
(c) turns faster than (b) the difference of the two 
speeds is communicated through the ring gears 
of the differentials and is added to that of the 
synchronous motor in determining the speed of 
disk A. If the gear (c) turns slower than ()) 
disk A is reduced in speed. The speeds provided 
are such that as the variable speed of (c) is 
changed from maximum to minimum all the 
disks are varied over a semitone range from a 
quarter-tone above to a quarter-tone below that 
for which the synchronous motor is set. In this 
manner by changing the speed on the variable 
speed motor it is possible to match the frequency 
of any tone exactly with the frequency of some 
one of the rotating patterns. Thus flexibility is 
provided for any frequency of the usual range 
employed in music. 

Measurement is accomplished by means of 
two magneto-generators. One is mounted on a 
shaft connected by gears with the variable speed 
motor. The other is geared to the synchronous 
motor. The generator voltages are proportional 
to their rotational speeds. The voltages are 
applied in a bucking bridge arrangement as 





Fic. 2. Electrical tachometer for measuring the dif- 
ferential speed which is added or subtracted from the 
synchronous motor. 
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shown in Fig. 2. To see how these voltages may 
be used in measuring the differential speed which 
is added or subtracted from the synchronous 
motor we make the following analysis: (Refer 
to Fig. 2 for the significance of the symbols.) 

Let nm, and mz be the speeds of G; and G, 
respectively. Let EF; and E> be the voltages 
generated in the generators whose armatures 
rotate at speeds m; and m2 and are geared re- 
spectively to the shafts rotating with the speeds 
m3 and ny. 

Then E,=c\n,=ckin3 and E2.=Con2=Cokon, 
where c,; and ce are the generator constants and 
k, and kz the gear ratios. 

By Kirchhoff’s law, 


E.—i2(Ri+Rs) —(i2—11)Ri=0, (1) 

—E,\—i;Re+ (i2—i1)R1=0, (2) 
i= (Rii2—Ey)/(Rit Re), (3) 
ig =(E2+Riis)/(RitRs+Rs), (4) 


Ey—E,Ry/ (Rit R2) 

Rit RotRs—Re/(Ri+ Re) 
_ CoKeny— CiKmsRi/(Ri+ Re) 
~RARs+Ri—Re/(Ri+ Re) 


is= 


For the condition that »3=”4 when i2=0 


Coko=CiRi Ri (Ri+R2) =C, 
R.=ckiR,, Coke— Ri. (6) 


: C(n4—Nns3) 
Thus = i2=———____________. (7) 
Ri+R3+ Ri— R2/(RitR2) 


By making n3;=n, (that is, the differential sta- 
tionary) Re can be adjusted until i2=0. That is, 
until the meter reads zero. Then the value of Ry 
can be varied until at a given (ms—m3) the 
meter reads its proper value which has been 
arbitrarily determined. This value is 50 divisions 
on the scale when (n4—73) corresponds to a pitch 
change of 50 cents. Actually the scale of deflec- 
tions is linear while cents are logarithmic. How- 
ever, the range is so narrow that the maximum 
deviation is only 0.2 of one cent on a linear scale. 
Therefore, using the linear scale electric tachom- 
eter to read cents does not introduce appreciable 
error in the measurements. The zero setting is 
accomplished by inserting a lock pin to fasten 
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the differential ring gears together thus insuring 
that 23=%.4. Re is then adjusted to make the 
meter read zero. For calibration a 960-cycle 
generator is mounted on the synchronous motor 
shaft as shown in Fig. 1. The generated voltage 
is passed into the amplifier and flashes the neon 
lights at 960 cycles. This gives synchronization 
on the A¥ disk when made to rotate faster than 
the synchronous motor speed such that the rise 
in pitch amounts to 50.6 cents or on the B disk 
when made to rotate slower such that the fall in 
pitch amounts to 49.4 cents. This is established 
as follows: the A disk pattern frequency which 
is nearest the 960 frequency is 880. To find the 
cents* departure from 880 we have 


Cents=1200/log 2-log (n/m) 
= (1200/log 2) log (960/880) (8) 
= 150.6. 


Since A# is 100 cents higher than A and B is 
200 cents higher it follows that 960 cycles will 
synchronize on the A¥ disk increased by 50.6 
cents or on the B disk decreased by 49.4 cents. 
In practice the variable speed motor is speeded 
up until the 960 pattern appears stationary on 
the A# disk. With the switch closed through Rs, 
Fig. 2, Ry is adjusted until the meter reads 50.6 
cents. The speed is then reduced until the pattern 
on the B disk is stationary and with the switch 
closed through R,’ this resistor is adjusted until 
the meter reads —49.4. The speed which is 
necessary to add or subtract to cover completely 
the range between semitones is that which cor- 
responds to a pitch difference of 50 cents. The 
frequency variations of this range may be deter- 
mined from the formula (8) above thus: 


log x =log 880+ (50/1200) - log 2, 


x= 905.8, 
log y=log 880— (50/1200) -log 2, 
y = 855.0, 


where x and y are respectively the frequencies of 
(A+50 cents) and (A—50 cents), when the fre- 
quency of A is 880. 


The frequency added to 880 is thus 25.8 c.p.s. 
for the maximum above normal and the fre- 


*F.R. Watson, Sound, textbook (1935), p. 114. Perhaps to 
most people the term ‘‘cents’’ is best understood by saying 
it is the number of hundredths of a half-tone sharp or flat 
from a given tone of the equally tempered scale. 
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quency subtracted is 25.0 c.p.s. for the maximum 
below normal. The maximum speed incorporated 
with the synchronous speed for the disk rotation 
is thus 2.85 percent of the speed of the disk. If 
we assume that all the error of determining the 
pitch or frequency is in the meter reading of the 
electrical differential tachometer, and if we 
assume the probable error of this reading is 2 
percent, the probable error of the pitch or fre- 
quency determination is then 2 percent of 2.85 
percent or 0.057 percent. This has been computed 
for full scale deflection of the meter. Assuming 2 
percent accuracy for full scale reading on a zero 
center electrical meter is consistent*:> with 
current practice and seems about the correct 
value in this apparatus. The probable percent 
error in the reading increases as the deflection 
decreases in an electrical meter. It may be noted, 
however, that in this apparatus, the speed from 
the variable speed motor incorporated in the 
final output speed, decreases in the same ratio 
as the meter reading, so that the probable error 
of the determination remains 0.057 percent right 
up to zero reading. Thus all readings have essen- 
tially the same accuracy throughout a set of 
observations. 

It is evident that gears could be arranged to 
give desired ratios in “steps’’ by the use of 
change gears or a gear shift, terminating the 
gears at the differential and calibrating the 
meter to read added speeds in c.p.s. instead of in 
cents. However, for studies in music it appears 
to be a great advantage to be able to read directly 
in cents. For those problems in which one wishes 
to know the frequency this can be obtained 
through Eq. (8). If one were interested in a series 
of frequencies in a narrow range the value could 
be read from a graph constructed by plotting 
frequencies against cents deviation from a given 
frequency. 

Above it was assumed that there was no error 
in the synchronous motor speed. Since the motor 
is a 60-cycle motor this will be true provided the 
current supply is exactly 60 cycles. An extended 
study of the frequency stability of the commer- 
cial supply made by the writer and others® in- 
dicates that on the large distribution systems one 


4R. G. Jewell, Instruments 8, 58 (1935). 
5 F, V. Hunt, Rev. Sci. Inst. 6, 43 (1935). 
6 W. D. Horsley, J. Inst. E. E. 77, 577 (1935). 
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Fic. 3. Power supply for obtaining constant tuning fork 
controlled 60-cycle current. 


may expect irregular frequency variations of 0.1 
percent or more. In many of the smaller systems 
the variations are much greater than this. For 
this reason a tuning fork controlled power supply 
was built for the purpose of supplying constant 
60-cycle current for driving the synchronous 
motor. 

The power supply consists of an electrically 
driven tuning fork’: * whose output controls the 
grids of two grid glow tubes.® The circuit diagram 
is shown in Fig. 3. The current is supplied entirely 
from the a.c. mains. The tuning fork was cut 
from an elinvar” bar obtained from the River- 
bank laboratories in order to secure a low tem- 
perature coefficient for the fork and thus make 
temperature control unnecessary. There is very 
little magnetic or electric coupling between the 
plate and grid circuits of the driving tubes. This 
insures stability of frequency" determined chiefly 
by the physical characteristics of the fork and not 
appreciably influenced by the electrical charac- 
teristics of the circuit. The fork is mounted on a 
heavy metal base and this in turn on a rubber 
cushion to make for further stability. 

The fork was cut so that its frequency was 
about 60 cycles per second. The ends of the 
prongs were drilled and a small bolt and nut 
fitted in each end so that small changes in fre- 
quency could be easily made.” The final tuning 
of the fork was made by means of a stroboscope 
disk (Fig. 1), which shows synchronism at 1000 
c.p.s. if the motor is driven by 60-cycle current. 

7D. W. Dye and L. Essen, Proc. Roy. Soc. 143, 285 
(1934). 

’ H. Lamson, J. Acous. Soc. Am. 7, 51 (1935). 

9F, N. Tompkins, Trans. A. I. E. E. 51, 707 (1932). 

1D, W. Dye, Proc. Roy. Soc. 103, 240 (1923). 

1 PD, W. Dye and L. Essen, Proc. Roy. Soc. 143, 285 


(1934). 
12H. Lamson, J. Acous. Soc. Am. 7, 51 (1935). 
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The testing was accomplished by receiving the 
National Burea of Standards broadcast of 1000 
c.p.s. which is accurate to one part in five 
million."* The signal from the radio loudspeaker 
was applied through the regular microphone and 
amplifier used with the stroboscope to a neon 
lamp in front of the 1000-cycle disk, Fig. 1. In 
addition to using the National 
Standards broadcast for the first setting of the 
fork, it is available for subsequent checking. The 
accuracy which is thus possible is well beyond 
that which is significant so far as studies in 
music or sounds that affect the ear are concerned. 

In Fig. 4 is shown the circuit diagram of the 
connections of the controlled power output and 
the related parts of the stroboscope. 

A special chart was made suitable for recording 
the tuning of all the strings on the piano. Also it 
may be used for recording the tuning of other 
instruments. In making a test one records the 
deviations in cents from the various notes of the 
equally tempered scale. These deviations can 
then be plotted on the squared paper attached 
to the record. Thus one can quickly and easily 
see the tuning of a whole instrument in terms of 
the equally tempered scale. Fig. 5 illustrates how 
these recordings and graphs are made. This chart 
shows the result of one test in the tuning of a 
piano.'* Graph A shows the tuning of the piano 
at the beginning of the test. Previous to this 
test the piano had not been tuned for about a 
year. All the strings were then brought up to be 
in tune on the equally tempered scale as read 
on the chromatic stroboscope. After standing 
four days the tuning was read again to see how 
much the piano would go “‘off’’ as the result of 





Fic. 4. Switching arrangement for starting and operating 
the motors. The electrical tachometer is also shown, 


18 National Bureau of Standards, J. Frank. Inst. 220, 657 
(1935). 

14 In the present apparatus there is sufficient back-lash in 
the gear train to make the synchronization of the outer 
circle of the stroboscope uncertain. Because of this uncer- 
tainty the highest octave was not read in the test shown. 
This difficulty will be overcome in a new arrangement now 
being planned. 
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Fic. 6. Photograph of complete apparatus. The upper 
left is the tuning fork unit. Below is the power supply which 
it controls. Upper right is the amplifier for the microphone 
to neon lamps. The twelve stroboscope disks and ‘‘cents’’ 
meter appear on the front of the case containing the gear 
mechanism. 


having been changed by so large an amount. 
The results of this reading are shown on graph B. 
That the piano would go ‘‘out of tune”’ shortly 
after being tuned was to be expected in the light 
of experience of piano tuners and musicians. 
However, such observations have been qualita- 
tive. This method makes a quantitative study of 
this problem possible. 

It is of considerable interest to know just how 
certain musical instruments are tuned and 
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should be tuned. Grutzmacher and _ Lotter. 
moser! have made a study of two octaves as 


tuned on two grand pianos by three tuners. The 
apparatus used was not suitable to extend the 


study to the entire piano keyboard. An objective 
rapid method for reading and recording the 
tuning of many such instruments might shed 
considerable light on such problems. The appa- 
ratus herein described has been developed for 
this purpose. 

Fig. 6 shows the complete apparatus de- 
scribed. 

The writer wishes to thank C. G. Conn Ltd. 
of Elkhart, Indiana for financially sponsoring 
this project. Also much help was given by the 
following individuals of this company : Mr. Allen 
Loomis developed the gear trains which give the 
equally tempered scale ratios. Dr. Robert Young 
developed the electrical tachometer and super- 
vised much of the construction of the stroboscope 
in addition to contributing the plan for reading 
directly in musical scale notation instead of 
c.p.s. Expert technical assistance was given by 
other members of the above company. The writer 
wishes to thank Dr. A. L. Foley, and physics staff 
of Indiana University for advice concerning the 
many problems encountered in this work. 


1M. Grutzmacher and W. Lottermoser, Physik. Zeits. 
36, 903 (1935). 
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Violin Intonation* 


Pau. C. GREENE 
State University of Iowa, Iowa City, Iowa 


(Received March 5, 1937) 


HE purpose in this investigation was to 

determine whether a group of violinists 
tended to play in either the natural or the 
equally tempered musical scale,' and if not, 
whether they typically expanded or contracted 
certain intervals’? as compared with their theo- 
retical values. 


TECHNIQUE 


The study involved analyses of a total of 
eleven unaccompanied performances by six pro- 
fessional violinists. Three standard musical 
selections were used. The performances took 
place in an acoustically damped room, and were 
recorded on rapidly moving film by an oscillo- 
graphic technique. Measurements of the average 
fundamental frequency of the main body of the 
tones were made, and interval extents then were 
determined. The major part of the study was 
limited to the analysis of performances of five 
intervals. 

Tests of the reliability of measurement of 
frequency showed that the largest expected error 
for any given frequency was about 0.03 tone, 
but that in at least 78 percent of the cases 
measurements were statistically significant to 
0.01 tone. Analyses of the duration of tones in 
relation to interval extents showed that the 


* Presented at the meeting of the Acoustical Society of 
America, New York, October 31, 1936. 

1The equally tempered scale consists of twelve equal 
semitone steps, the ratios of the frequencies of adjacent 
notes being approximately 1.059. The natural scale also is 
known as the ‘‘pure” or ‘‘just’”’ scale. In the major mode, 
the ratios of the frequencies of adjacent notes from the 
tonic are 9/8, 10/9, 16/15, 9/8, 10/9, 9/8, and 16/15; the 
ratios of successive notes to the tonic are 9/8, 5/4, 4/3, 3/2, 
5/3, 15/8, and 2/1. Although earlier investigators of this 
problem also discussed intonation with reference to the 
Pythagorean scale, interest has continued to center mainly 
about performance in relation to the natural and tempered 
scales. In the major mode of the Pythagorean scale, the 
ratios of the frequencies of adjacent notes from the tonic 
are 9/8, 9/8, 256/243, 9/8, 9/8, 9/8, and 256/243; the 
ratios of successive notes to the tonic are 9/8, 81/64, 4/3, 
3/2, 27/16, 243/128, and 2/1. 

*A musical interval is the difference in pitch between 
two tones sounded together or successively. It may be 
expressed as the ratio of the frequency of the higher note to 
that of the lower note. 


length of measured tones had no systematic 
effect upon either the direction or the extent of 
variation of the played intervals from their 
theoretical scale values. Since Lewis and Cowan 
found that intensity apparently has no system- 
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Fic. 1. Group performances of five intervals. On the 
abscissa, deviations from the theoretical tonal extent of 
the interval in the equally tempered scale (marked T) are 
indicated in 0.01 tone. Cases of intervals contracted occur at 
the left, and those expanded at the right, of the T value. 
The symbols N and P show the direction and amount of 
divergence of the theoretical value of each interval in the 
natural and Pythagorean scales from its theoretical extent 
in the equally tempered scale. Arrows indicate the average 
extent of the given interval as played. On the ordinate, 
percentages of the total number of cases are shown. 

Example: In the figure for the minor second, the natural 
scale value of the interval occurs at 0.06 tone from the 
equally tempered value, while the Pythagorean value 
differs from the equally tempered value by —0.05 tone. 
The interval tended to be contracted as compared with 
its natural and equally tempered values, the average 
extent occurring at —0.06 tone from the T value, and at 
—0.12 tone from the N value. 98 percent of the cases were 
contracted as compared with the N value, while 81 percent 
were contracted in relation to the T value. Further, the 
average extent of the played interval occurs at —0.01 
tone from the P value, thus varying from it only by an 
amount equal to the expected error of frequency measure- 
ment. Figures for the other intervals can be read similarly. 
It will be seen that there are two theoretical values for the 
major second in the natural scale, and the Pythagorean 
value for this interval coincides with the Jarger natural 
scale value. Further, the Pythagorean value of the perfect 
fourth likewise agrees with the natural scale value for that 
interval. 
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atic influence upon the pitch of violin tones,’ 
it was not considered necessary to make a check 
on intensity effects in this study. 


FINDINGS 


The chief findings of the investigation are 
essentially summarized in Fig. 1. The six 
violinists typically performed in neither the 
natural nor the equally tempered scale. All 
players agreed exactly as to the direction of 
- typical deviation from the equally tempered 
interval values, with minor variations as to the 
extent of deviation. 

As compared with both natural and equally 
tempered intonation, major seconds and major 
thirds tended to be expanded, minor seconds and 
minor thirds on the average were contracted, and 
perfect fourths tended to approximate the 
theoretical scale values for that interval. 

The average extent of each of the five intervals 
approximated its theoretical magnitude in Py- 
thagorean intonation. The unquestionably crucial 
cases were those of the minor second, the minor 
third, and the major third, where Pythagorean 
intonation differed significantly from natural and 


3D. Lewis and M. Cowan, ‘‘The Influence of Intensity 
on the Pitch of Violin and ’Cello Tones,” J. Acous. Soc. 
Am. 8, 20-22 (1936). 
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equally tempered intonation. Since the _per- 
formers on the average approximated the Py. 
thagorean and larger natural scale values of the 
major second, and did not significantly differ. 
entiate between the two theoretical varieties of 
this interval in the natural scale, it may be 
justifiable to assume that the criterion in actual 
performance here also was Pythagorean _in- 
tonation. 


DISCUSSION 


The findings of Helmholtz* and Zahm? as to 
performance of thirds are in disagreement with 
those of the present study. Cornu and Merca- 
dier,® analyzing performances of both violinists 
and 'cellists, report findings in part corroborated 
and extended by the results from the present 


study, a more complete report of which has been — 


recently published.’ 


4H. L. F. Helmholtz, Sensations of Tone... , fourth 
edition (Longmans, Green & Co., New York, 1912), p. 325. 

5J. A. Zahm, Sound and Music (McClurg, Chicago, 
1900), p. 441-443. 

6A. Cornu and E. Mercadier, ‘‘Sur les intervalles 
musicaux,’’ Comptes rendus acad. sci. 73, 178-183 (1871); 
‘Sur les intervalles musicaux melodiques,’’ Comptes 
rendus acad. sci. 74, 321-323 (1872); and, ‘‘Sur la mesure 
des intervalles musicaux,’’ Comptes rendus acad. sci. 76, 
431-434 (1873). 

7P. C. Greene, ‘Violin Performance with Reference to 
Tempered, Natural, and Pythagorean Intonation,” 
Univ. Iowa Stud. Psychol. Mus. 4, 232-251 (1937). 
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An Empirical Formula for the Loudness of a 1000-Cycle Tone 


Haro_p P. Knauss 
Mendenhall Laboratory of Physics, Ohio State University, Columbus, Ohio 


(Received April 15, 1937) 


The equation L=/7(10~>*J+1)-*/3 may be used to compute the loudness, L (millisones), of a 
1000-cycle pure tone of intensity J (in units of 10-'* watts per square centimeter). This indi- 
cates that for low intensities the loudness is directly proportional to the intensity; for high 
intensities it is proportional to the cube root of the intensity. 





HE loudness of a musical tone is a subjective 
characteristic, and as such is not directly 
measurable. However, it has been found that 
under various experimental conditions, loudness 
can be made quantitative, and results obtained 
in different laboratories by different methods are 
remarkably consistent. The ‘‘American Ten- 
tative Standard’”’ of loudness' based on such 
experiments consists of a graph of loudness 
against intensity level in decibels for a 1000-cycle 
reference tone. Any tone or steady noise can be 
assigned a numerical value equal to that of the 
reference tone judged equally loud. The purpose 
of the present paper is to point out that an em- 
pirical equation can be obtained for the loudness 

of the reference tone as a function of intensity. 
Recognizing the convenience of an equation 
rather than a table of data or a graph for repre- 
senting the loudness function, Churcher? pro- 
posed using in the range 30 to 115 decibels the 

equation : 

Loudness = S*X 10%, (1) 


where S is the intensity level of the reference 
tone in decibels above the reference intensity 
adopted, i.e., 10-'® watts per square centimeter. 
The number 100 was assigned to the loudness of 
the reference tone 100 db above the reference 
level. On Churcher’s scale, unit loudness cor- 
responds very closely to an intensity level of 
40 db above threshold. The name sone has been 
proposed for this unit of loudness by Stevens.’ 
Another equation, in closer agreement with 
experimental data, is that of Fletcher.‘ If the 
loudness, L, is plotted on a logarithmic scale 


1 Subcommittee on Noise Measurement of the American 
Standards Association, J. Acous. Soc. Am. 8, 143 (1936). 
* B. G. Churcher, J. Acous. Soc. Am. 6, 216 (1935). 
*S. S. Stevens, Psychol. Rev. 43, 405 (1936). 
*H. Fletcher, J. Frank. Inst. 220, 405 (1935). 





against S, which is equivalent to plotting log L 
againt log J where J represents intensity in units 
of 10-'® watts per square centimeter, the points 
lie on a straight line for intensities greater than 
40 decibels above the reference level, and the 
equation which Fletcher gives for this part of the 
function is: 

3 log L=log I+5. (2) 


The loudness numbers used here, and in the 
“American Tentative Standard,” are 1000 times 
those used by Churcher, hence the unit implied 
may be called the millisone. This equation may 
be written in the form: 


L=105J'’? millisones, (3) 


where J is expressed in units of 10~-'® watts per 
square centimeter. Thus for high intensities, the 
loudness is proportional to the cube root of the 
intensity. 

Further examination of the graph shows that 
it seems to approach a straight line for low values 
of I; this straight line is represented by : 


L=TI millisones, (4) 


which means that for low intensities, loudness 
is directly proportional to intensity. The factor of 
proportionality is unity only because of the 
choice of units. 

A single equation can be written which is 
asymptotic to the two straight lines (on the 
logarithmic plot) represented by Eqs. (3) and 
(4). The equation is 


L=1(10->/2J+1)-* millisones. (5) 


It is clear that for small values of J this reduces 
to Eq. (4), and for large values it approaches 
Eq. (3), becoming equivalent to Fletcher’s for- 
mula. At the lower limit of the range in which 
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TABLE I. 

L, Exp. L, CALC. PERCENT 

(DB) (MILLISONES) (MILLISONES) DIFFERENCE 
—10 0.015 0.100 —85. 
- § 0.14 0.316 — 56. 
0 1.00 0.998 + 0.2 
5 4.43 3.14 +41. 
10 13.9 9.80 +42. 
15 39.3 29.7 +33. 
20 97.5 83.3 +17. 
25 197. 199, — 1. 
30 360. 387. — 7. 
35 615. 639. — 4, 
40 975. 980. — 0.5 
50 2200. 2150. + 2. 
60 4350. 4640. — 6. 
70 7950. 10000. —21. 
80 17100. 21500. —20. 
90 38000. 46400. —18. 
100 88000. 100000. —12. 
110 215000. 215000. + 0. 
120 556000. 464000. +20. 


Loudness of 1000-cycle tones computed from Eq. (5) (L, calc.) com- 
pared with experimental data of reference 5, (L, exp.). 


Fletcher’s formula applies, the discrepancy 
between the two formulas is just two percent, 
and at higher values the discrepancy vanishes 
rapidly. 

The experimental values of Fletcher and 
Munson® on which the original loudness scale 
was based can be compared with the results 
computed according to Eq. (5). In Table I, this 
comparison is made for the entire range covered 
by the experimental data. The agreement 
between the experimental and the computed 
values must be judged in the light of the experi- 


5H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 5, 
82 (1933). 


mental error involved in loudness comparisons, 
Steinberg and Munson‘ have shown from data of 
100 observers that the standard deviation of a 
single loudness comparison is 8 or 9 decibels. It 
is reasonable to suppose that at low intensities 
the standard deviation may be about one-third 
as great as it is for higher intensities. A deviation 
of three decibels corresponds to a factor of two 
in the intensities judged equally loud, which 
could be expressed as +100 percent or —50 
percent error. For as many as 25 observations, 
this would be reduced by a factor of five. The 
differences shown in Table I seem to be reason- 
able’ except for the first two entries in the table 
corresponding to intensities of less than unity. 
That is, the ‘‘loudness’”’ of inaudible intensities, 
based on experiments in which ten inaudible 
components were combined to produce an audible 
complex tone, is not correctly given by Eq. (5). 
The equation thus applies in the range from 
I=1 to J=10". 

Stevens and Davis* have shown that the mag- 
nitude of the electric response of the auditory 
nerve corresponds approximately to the loudness 
function. It is hoped that Eq. (5) will be useful 
not only in calculations involving loudness, but 
also in the search for a fundamental interpreta- 
tion of the relationship between the sensation of 


loudness and the stimulus producing it. 


6 J. C. Steinberg and W. A. Munson, J. Acous. Soc. Am. 
8, 71 (1936). 


7 This impression is shared by Fletcher (private com- 


munication). 
8S. S. Stevens and H. Davis, J. Acous. Soc. Am. 8, 1 
(1936). 
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Practical Tests for Determining the Accuracy of Pianoforte Tuning 


WILLIAM BRAID WHITE 
American Steel and Wire Company, Chicago, Illinois 


(Received April 28, 1937) 


N a recent number of the Journal, Harker! 

has set forth the arithmetical basis of the 
commonly used system of tuning fixed-tone, and 
particularly keyboard instruments, known as the 
Equal Temperament, and has discussed some 
aspects of the practical side of the art. The 
present discussion is intended to carry somewhat 
further his treatment of the aural technique of 
tuning pianofortes according thereto. 

In passing, it ought to be said that the author 
cited is undoubtedly right in complaining that 
text books on sound commonly ignore this very 
important subject, either because their authors 
care nothing about it or because they suppose it 
to be such a matter of course that it needs not 
to be explained. Actually, on the other hand, 
the fact that the musical scale (diatonic-chro- 
matic) must be systematically mistuned in order 
to satisfy the limitations of the standard twelve- 
to-the-octave keyboard, constitutes a matter of 
the greatest importance, since it plainly limits 
the development of musical tone production in a 
principal direction, and, therefore, presents a fit 
subject for research and development. 

The author cited speaks, of course, from 
experience with British conditions, and what he 
says about the art of tuning, as actually practiced 
in Great Britain by professional tuners, may not 
be entirely accurate in respect of the American 
scene. That is not to say that American pro- 
fessional tuners are, today at least, generally 
much distinguished for accuracy and fine crafts- 
manship. On the other hand, the best tuners in 
this country have for years been aware of, and 
to a certain extent have used, a number of 
technical devices which considerably simplify the 
work of estimating by ear, through the method 
of beats, the respective frequencies to which the 
strings of a pianoforte must be brought according 
to the Equal Temperament. These methods are in 
fact so many simple means of aiding the ear to 
do its work more accurately. They are, to a 
greater or lesser extent, in general use by the 





1G. F. H. Harker, J. Acous. Soc. 8, 243 (1937) et seq. 
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best professional tuners, but, so far as the present 
writer is aware, they have been set forth com- 
pletely hitherto only in his own work.’ 

As Harker has pointed out, since tuning in 
Equal Temperament is most readily performed by 
counting the number of beats between the 
members of a tempered interval, as developed in 
some given unit time, it follows that where such 
beats are very few in number for, say a period 
of one second, the process of estimating their 
precise rate by ear is not easy. The tones of the 
organ, of course, can be sustained, so that any 
beat-rate for any interval might be maintained 
long enough to be compared with some appropri- 
ate comparison device operating at the same rate. 
The pianoforte, however, does not permit this, 
because its tones are too evanescent. It therefore 
follows that, in the course of tuning the piano- 
forte, the aural estimation of slow beat-rates, 
being at best precarious, needs to be checked 
by reference to other rates occurring in the 
system and applicable to the interval which is 
being tuned, but at the same time more easily 
counted or estimated. All competent professional 
tuners, it may be repeated, do habitually have 
recourse to some or all of such additional checks, 
with the general result that their beat work may 
attain to a satisfactory level of accuracy. I shall 
show the nature of these checks and the method 
of developing them. 


LAYING THE BEARINGS 


Following Harker’s correct description, the 
first step in tuning a pianoforte (or organ) is to 
adjust one octave of twelve tones as accurately 
as possible to the calculated frequencies of the 
equal tempered scale. This is commonly done in 
the U.S. A., by tuning from Cy (not from A4g) a 
series of fifths and fourths.’ It follows from the 

2 William Braid White: Modern Piano Tuning, third 
edition (1937), and miscellaneous technical papers in 
Music Trade Review, New York. 

3 The frequencies given in the discussion are based upon 
the American Standard pitch, adopted in 1937 by the 
American Standards Association and in use since 1925 by 


the music industries of the U. S. A. This standard is set at 
440 c.p.s. for Ag or 261.6 c.p.s. for Cy. 








requirements of the equal tempered scale that in 
the process of tempering, each fifth (frequency 
ratio 2:3) is contracted, and each fourth 
(frequency ratio 3 : 4) expanded. Now, in the 
octave specified, the beat ratio of any fifth or 
fourth so treated is very slow, being of the order 
of 3 beats in 5 seconds for the fifths and of 1 beat 
in 1 second for the fourths. The tuner then has 
to attempt! to tune the fifth Cyy—F33 so that 
the frequency of the F becomes 174.6 c. p. s. 
instead of 174.4 c. p. s., when the beating of the 
coincident harmonics in the two tones will 
produce 3 beats in 5 seconds; (2) next, to tune 
the fourth Cy)— G3; so that the G shall stand at 
195.9 c. p. s., instead of at 196.2 c. p. s., thus 
giving rise to 0.88 beat in 10 seconds; and (3) 
then to continue alternately tuning fifths and 
fourths to their correct tempered frequencies 
until he arrives at F4;, the octave to F33. 

No tuner, however, can actually tune such a 
circle of tempered fourths and fifths directly by 
ear with any near approach to satisfactory 
accuracy. If, however, at the third step in the 
process, namely, when the fifth G;;—Du has 
been tuned, the tuner will listen to the sixth 
F33;—D42, its beating will be found to give a 
reliable check upon the accuracy of the three 
steps that have been taken. This sixth ought to 
show 7.9 beats per second. Carrying on the work 
according to the order shown in Table I, one 
next arrives at the fourth Dy.—Asz;, the correct 
beat rate at which is 0.99 beat in 1 second. When 
As; has been tuned, there appears the major 
third F3;—A3;. The correct beat rate of this 
interval, when properly tempered, is 6.9 beats 
per second. With some practice this frequency is 
readily identified. The tuning of three tones from 
the starting point Ci has thus given us two 
reliable test intervals. 

Continuing the series, as shown below, the 
process of tuning fourths and fifths brings out in 
turn all of the major thirds, minor thirds, major 
sixths and minor sixths comprised within the 
octave being tuned, each with its beat rate 
ascertained. The fact, of course, that the fre- 
quency of the beats increases in the ascending 
and decreases in the descending, order, in a 
regular proportion, affords another check, since 
the tuner may compare thirds or sixths in 
succession and thereby at once observe any 


48 WILLIAM BRAID WHITE 


irregularity in the increase or decrease of the 
beat frequencies. These comparisons of succes. 
sive ascending or descending adjacent intervals 
of the same order furnish one of the best tests 
of the correctness of the work as it proceeds. 


OcTAVE TUNING 


Considering that the interval of the octave, 
like that of its inversion the unison, must be 
tuned exactly, that is to say to a zero beat rate; 
the technique of performing this operation calls 
likewise for the use of special testing methods, 
When the bearings have been laid, the tuner 
proceeds by octave intervals above and below the 
octave already established. He thus has from 
the start a scale of twelve equal-tempered tones 
from which he can select such as may be needed 
to furnish checking tests for the accuracy of the 
octave tuning. The most convenient of these for 
the region between Cys and C52 is the minor 
third-major sixth test. The two intervals are 
complementary within the octave. Thus, if one 
is tuning the octave A3;—Ajg, the tone Cy 
forms an ascending minor third with A37 and an 
ascending major sixth with Ay. When the beat 
rate between the two members of the minor 
third is equal to the beat rate between the two 
members of the major sixth, or conversely, the 
octave has been tuned accurately. A simple cal- 
culation shows that this fact depends upon the 
existence of a harmonic common to all three 
tones, namely, the sixth of the lower member of 
the octave, the fifth of the common tone and 
the third of the upper member of the octave 

This test is accurate and definite, within the 
limits of practical application. In the high 
frequency region of the pianoforte, above C;:, 
the beats in this test become too rapid to be 
distinguished, and it is then better to use the 
tenths test. This is made by comparing the 
beating of the major third below the lower 
member of the octave, with the tenth which the 
third becomes when it is extended by one octave. 
Thus, to take the octave A3;—Aj once more, 
the test is F3;—As37; against F3;—Ay9. The two 

4 The present discussion neglects deliberately the practice 


of ‘‘stretching” octaves, whereby tuners, in the low bass and 
high table regions, respectively, sometimes undertake to 


satisfy a very common defect of the ear, shared by most | 
players of the pianoforte. That subject demands a separate ~ 


article. 
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TABLE I. A method of laying the bearings starting at Cu, tuning by fifths and fourths, and te 
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esting by sixths and thirds. 











——————— 
BEATS PER BEATS IN 5 SEc. 
SEC. TO (FOURTHS AND 
STEP PROCESS NAMES OF TONES! INTERVALS NEAREST 0.1 FIFTHS) 
1 Tune C52—Cao Octave 0.0 0.0 
2 Tune Cyo—F 33 Fifth 0.6 3.0 
3 Tune Cyo— Gis Fourth 0.9 4.5 
4 Tune G3s— Daz Fifth 0.7 3.5 
5 Test F33— Dae Major Sixth 8.0 
6 Tune Da2— Azz Fourth 1.0 5.0 
7 Test F 33— As7— Cao Major Triad 
8 Test F33— Azz Major Third 6.9 
9 Tune As— Eas Fifth 0.7 3.5 
10 Test Gas— Eas Major Sixth 8.9 
11 Test Cw— Eas Major Third 10.4 
12 Tune Eui— Bag Fourth 1.1 5.5 
13 Test Gss— Bs— Daz Major Triad 
14 Test G3s— Bag Major Third 7.8 
15 Test By— Dae Minor Third 13.3 
16 Tune Bso— F#34 Fourth 0.8 4.0 
17 Test F33—Agr— Dae Inverted Major Triad 
18 Test FS34—Asz7 Minor Third 10.0 
19 Tune Say —CBa Fifth 0.6 3.0 
20 Test F#34— Asr—CBan Minor Triad 
21 Test Asw— C#a— Ess Major Triad 
22 Test An—C#a Major Third 8.7 
23 Test C#u—Eas Minor Third 15.0 
24 Tune CHa — GF Fourth 0.9 4.5 
5 Test G#36— Bsy— Eas Inverted Major Triad 
%6 Test G#se— Cao Major Third 8.2 
27 Test *33— GE36 Minor Third 9.4 
28 Tune G#36— DFas Fifth 0.7 3.5 
29 Test F334—By9— DF 43 Major Triad 
30 Test F334— D4; Major Sixth 8.4 
31 Test Byo— D343 Major Third 9.8 
32 Test Cyo— DF43 Minor Third 14.1 
33 Tune D343— Az3s Fourth 1.0 5.0 
34 Test F33— A#3s— Dae Minor Sixth Chord 
35 Test *Z34— Agss Major Third 7.3 
36 Test Gy5— Ags Minor Third 10.5 
37 Test A¥35— Daz Major Third 9.2 
38 Test AZ33— C#a Minor Third 12.5 
39 Tune A#3s—F 45 Fifth 0.8 4.0 
40 Test Cfa—Fas Major Third 11.0 
41 Test Dao— F 45 Minor Third 15.8 
42 Test F33— Ass Fourth 0.8 4.0 
43 Test Gs6— Fas Major Sixth 9.4 
44 Test Fa3—F 45 Octave 0.0 
45 Compare ascending fifths in succession from F,;, beating 0.59, 0.62, 0.66, 0.70, 0.74, 0.79, respectively 
(correct to 2 places of decimals). 
46 Compare ascending fourths in succession from F33, beating 0.79, 0.83, 0.88, 0.94, 0.99, 1.05, 1.11, 1.18, 
respectively (correct to 2 places of decimals). 
47 Compare ascending major thirds in succession from F3;3, beating 6.93, 7.34, 7.77, 8.26, 8.73, 9.25, 9.79, 
10.38, 10.99, respectively (correct to 2 places of decimals). 
48 Compare ascending major sixths in succession from F33, beating 7.92, 8.38, 8.89, 9.42, respectively (correct 
to 2 places of decimals). 
49 Compare ascending minor thirds in succession from F3;3, beating 9.42, 9.98, 10.57, 11.20, 11.87, 12.57, 


13.32, 14.12, 14.95, 15.85, respectively (correct to 2 places of decimals). 








1In this column the name of the tone being tuned at each step is placed second. 


Note: The equal temperament contracts fifths, minor thirds and minor sixths, but expands fourths, major thirds and major sixths. Beat rates 


are computed only to the nearest tenth per second. 


beat rates should be identical. This is an accurate 
and convenient test. For any given frequency 
region, its beats are slower and therefore more 
easily compared than in the other case men- 
tioned, especially in the region above Css. In the 








region between A, and Cos this test is also a 
convenient alternative to the minor-third-major- 


sixth test. 


These tests abolish the tuner’s dependence 
upon the difficult process of determining directly 
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a zero beat rate. They can be used even when 
false beats in strings, arising out of mechanical 
defects, make the direct method quite im- 
practicable. 

It remains to add that the extreme low bass 
strings of the pianoforte are so deficient in funda- 
mental components that only by the use of the 
tests above described can anything like accurate 
tuning be obtained among them.® 

Throughout the region above Cg the tones of 
the pianoforte have such short duration that 
beat comparisons become very difficult, but 
accurate octave tuning may still be had (1) by 
testing double octaves, (2) by using the already 
described tenth test, and (3) by extending this 
tenth to its octave and testing in the same way.°® 

The practical art of tuning the pianoforte may 
thus actually be performed more accurately than 
is sometimes supposed, and in fact its accuracy at 
the hands of good tuners is usually higher than 
could be expected upon any abstract considera- 
tions. It is, of course, true that methods for the 
correction of tuning could be devised which 
should be considerably more nearly correct, at 


5 These same tests can, of course, be adapted to the 
“‘stretched”’ octaves mentioned in reference 4. 


BRAID WHITE 


least abstractly. Such methods could be, fo, 
example, electrostroboscopic. However devised, 


nevertheless, they would call for at least accurate _ 


tuning of unisons, which is quite as difficult as js 
the tuning of octaves. Since, too, any such 
methods would involve the use of apparatus 
quite impracticable outside factories, and con. 
sidering likewise that the practical manipulation 
of the tuning hammer is quite as much an element 
in the art as is the training of the ear, it is not 
probable that the current methods of tuning the 
pianoforte will be abolished for some time to 
come. These methods, nevertheless, need not be 
rough or haphazard, and can lead to a high level 
of precision. 

It is, of course, obvious that the efficiency of 
the devices and methods here set forth, or of any 
others devoted to the same end depend finally 
not only upon the tuner’s aural training but also 
upon his manipulative skill with the tuning 
hammer. The technique of turning the tuning 
pins, which Harker has touched upon, demands 
however separate treatment. It is a matter not 
of science but of craftsmanship, and can best be 
learned, pianofortes being what they are, by the 
slow process of patient practice. 
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a real service to those members who do not read the foreign languages easily, if they will 
prepare a review of such articles for publication in this section, 
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or appraisal, and should attempt to set forth in this limited space as much of the original author's 
contribution as possible. One or two figures may be included if desired. 
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writing a review. 





Frequency Response Curves of Violins. HERMANN 
Meine, Akustische Zeits. 2, 22-33 No. 1; 62-71 No. 2.— 
A good deal of information about a violin can be obtained 
from its frquency response characteristics. The influence 
of the thickness of the wood, the curvature of back and 
belly, varnishing, the mute, etc., can readily be determined. 

To eliminate the human factor the violin was played 
mechanically, with an endless bow. (A similar arrangement 
is described in this journal.') Particular attention was paid 
to the clamping mechanism, as it had a certain influence 
on the frequency response. A search tone method of 
harmonic analysis was employed. 

Great simplification results from the fact that the sound 


. amplitudes are only depending on the frequency, but not 


of the order of the harmonic which is being analyzed. The 
fundamental of the c? for instance played on the a! string 
is excited with almost exactly the same amplitude as the 
first overtone of the c! played on the g string. The complete 
frequency response characteristics for radiation in a 
particular direction are thus given by one single curve. 
This result can also be deduced as approximation from 
theoretical considerations. Some deviations are to be 
expected, as the tones are produced with different strings 
of different lengths, and the conditions of excitation vary 
somewhat with the order of the harmonic. But except for 
the harmonics of higher order these deviations are found 
to be negligible. 

Violin makers know that the thickness of belly and back 
plates greatly influence the tonal quality of a violin. 
Three violins have therefore been constructed from thick 
(I), normal (II), and from unusually thin wood (III). 
Their frequency curves are represented in Fig. 1. In the 
response of violin (I), the high frequencies are present 
with normal strength, whilst in the low frequency range 
the amplitudes are very small (up to e2b); this violin 
therefore sounds harsh and disagreeable with the exception 
of a few higher frequencies. Violin (II) has been judged 
of very good quality and sounds soft and full. In the low 
frequency range the amplitudes are about 10 times larger 
than for violin (I). In the curve for violin (III), the low 
frequency amplitudes are further augmented. The lower 
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partials therefore predominate and this violin sounds 
hollow for most of the low and middle pitched tones. 

Varnishing does not greatly influence the frequency 
response characteristics. Only the maxima become slightly 
smaller, particularly at the higher frequencies, showing 
that the dissipation has been increased. The transients 
will be shorter therefore, and this can just be noticed. 
The varnished violin sounds slightly softer, due to the 
greater reduction of the maxima at the higher frequencies. 

The sound post (wooden rod at right side of bridge 
connecting back and belly) is acoustically very important, 
though its introduction was probably based on statical 
considerations. On removing it, the lower frequencies are 
greatly reduced in amplitude. Also the damping becomes 
smaller and most of the maxima and minima in the 
response curve are much more pronounced. The musical 
quality of the violin definitely suffers. Similar but not so 
pronounced effects could be observed when the sound 
post was tightened too much, Without sound post, the 
back of the violin does not radiate so much energy, as 
direction characteristics showed. 
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Fic. 1. Influence of the thickness of the wood on the frequency response 
curve of a violin. 
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A flat resonance box is found to favor the low frequencies, 
whilst the higher frequencies are radiated better if the 
belly is curved. With decreasing curvature the tone 
becomes softer, but a flat belly again seems to be musically 
quite unattractive. 

The shape of the ribs has not so much influence on the 
frequency response curve as one would expect. The differ- 
ence in tone quality between violin (II) and a specially 
constructed trapezoidal violin was less than between 
violins (I) and (III). The trapezoidal violin showed 
somewhat greater amplitudes at the lower frequencies. 
A certain number of peaks in the frequency curve are due 
to the natural vibrations of the air volume included in the 
resonance box of the violin. An increase in the area of the 
sound holes should raise the natural frequencies of the 
resonance chamber. This gave a means of distinguishing 
between the air space resonances and those of the wooden 
body. Actually, not the area of the sound holes was 
increased, but small slits had been cut at the corners 
(the corner blocks had been removed). In this way it 
could be confirmed, that the resonance peak at the c! in 
the frequency response curves was due to the lowest 
natural frequency of the air space. Filling up the resonance 
chamber with cotton wool a similar curve resulted, except 
that some of the peaks had got lost (at 450, 525, 650, 750, 
900 cycles/sec.). These frequencies are other natural 
frequencies of the air space, which are damped out by the 
cotton wool. 

Frequency curves taken with various mutes show that 
a mute greatly damps the higher frequencies. This reduces 
the loudness and causes the pecular coloration of the 
tones. In addition, all the maximas but those due to air 
space resonances are shifted slightly towards the lower 
frequencies. 

A series of investigations has been performed to 
ascertain whether the information obtained from one 
single frequency response curve, measuring the radiation 
in one particular direction is sufficiently general. The 
results show that it is so for most practical purposes. At 
least, the additional amount of labor, required for meas- 
uring the radiation at all the various angles would hardly 
be justified by the greater accuracy that could be obtained 
at the present state of investigation, but the angle should 
always be stated in the frequency response curves. As 
was to be expected, curves taken at various angles with 
regard to the plane of the violin show the same frequency 
distribution of the maxima and minima. Only in the upper 
range some of the peaks are lost, on account of the greater 
directivity of the radiation for the high frequencies. 

To illustrate the directivity of the radiation of violins, 
direction characteristics have been taken at various fre- 
quencies. At low frequencies the violin resembles a point 
source, as the frequency increases maxima and minima 
appear and the radiation from the back of the violin 
gradually decreases, becoming quite unimportant at the 
higher frequency. The directivity characteristics did not 
vary much for the various makes of violins, particularly 
at lower frequencies. 

Finally a very simple and quick procedure for measuring 
the frequency response curves deserves to be mentioned, 
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though in some cases it is probably inferior to bowing the | 
violin. A small copper strip is fixed to the bridge and placed | 


into a magnetic field. An a.c. 


current of the desired fre. © 


quency passed through it excites the violin electrodynamnj. ~ 


cally. The apparatus can readily be designed for automatic 


recording. The curves obtained depend on the direction of | 


the force. They show that the lowest air space resonance 


and the high partials in the range from 4490 to 5509 _ 


cycles/sec. are excited by the component of the force in 
the plane of the violin, perpendicular to the strings. The 


force in the direction of the strings seems to have very | 


little importance (this has already been pointed out by 
Raman), whilst the component perpendicular to the plane 


of the violin is of uppermost importance for the tonal ” 


qualities of a violin. To test the electrodynamical procedure 
in a practical case, response curves with varying thickness 
of back and belly plates have been taken. These curves 
showed up clearly the previously found variations in the 
frequency response. 

tJ. Acous. Soc. Am. 7, 111 (1935). 

Theoretical and Experimental Comparison of Measure- 
ments of the Threshold of Hearing. E. WAETZMANN, L, 
Kerss. -Akustische Zeits. 
measurements of the threshold of audibility have been 
compared with one another which are not comparable, 
owing to a different definition of the threshold. These 


a 


3, 3 (1936).—Many times, | 


ante; 


various definitions originated by the variety of methods” 


and the particular experimental arrangements. The 
threshold of hearing can be defined as: (1) the rate of ab- 


sorption of energy FE; by the tympanic membrane. At the 


lower limit of audibility, or (2) the energy EF; incident each 
second at the tympanic membrane (part of E; being ab- 
sorbed, part reflected) and (3) the energy flux referred to 
the undisturbed sound wave, which will just produce the 


sensation of hearing. There are three corresponding def- | 


nitions in terms of the pressure. 
tympanic membrane differs from the pressure in the undis- 
turbed sound wave, the former being 2 to 4 times larger 
in the frequency range 690-3000 cycles/sec. It should be 
noted also, that the relation p/u=pc which is valid fora 
free progressive wave, does not hold when calculating £,; 


The pressure at the! 


from the pressure ~; at the tympanic membrane. If no_ 
corrections are introduced, a value EF; would be obtained, | 


50 times too large at 100 cycles/sec. and about 3 times too | 


6 
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Fic. 1. Relation between the pressure p; at the tympanic membrane and 
the pressure p, in the undisturbed sound wave (Békésy-Troeger). 
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Fic. 2. Comparison of threshold values found by different observers. 


large at 200 cycles/sec. It has to be stated whether the 
energy is referred to the tympanic membrane or the sq.cm, 
as the area of the unflexible disk equivalent to the tympanic 
membrane is about 3 sq.cm. There are also three groups 
of measuring procedures: (1) The chamber method: the 
transmitter is placed close to the ear and as long the 
chamber thus formed is small in comparison to the wave- 
length a stationary pressure builds up. Hence p; can be 
determined. (2) The tube method: the transmitter is con- 
nected to the ear by means of a long narrow tube. Owing to 
the absorption of the walls of the tube, the reflected energy 
becomes a negligible portion of the energy given off by the 
transmitter. E; is thus measured. (3) The pressure or the 
energy flux in the undisturbed wave is determined simply 
from the distance of the sound source. 

To be able to compare threshold values obtained by 
different measurements, formulas connecting the various 
definitions have to be deduced. In the following, all results 
shall be referred to the pressure p; at the tympanic mem- 
brane or the energy E; absorbed each second by the tym- 
panic membrane. If the mechanical impedance of the 
latter is given by | 

Z=pc(W+ig) 
the relation 

E.=F . ns 

W?+¢@ pc pc 
is obtained readily, T= W/W?+<¢? being called the trans- 
mission factor (the ratio of the energy actually absorbed 
to the maximum possible energy that could be absorbed) 
and F=} sq.cm is the effective area of the basilar mem- 
brane. The pressure p; due to the incident wave only 
(excluding reflected wave) is connected to E; by the 
relation 





(1) 


E,=aE;=aFp;?/pc, (2) 


where o=4w/(w+1)?+¢@ is the absorption coefficient of 
the basilar membrane. Equating the right-hand side of (1) 


and (2) 
a w+¢_¢ | 
ae van ————, 
Pe o(') jou 


The factor (a/T)! varies between 1 and 2, corresponding to 
anything between complete absorption or complete reflec- 
tion of the incident wave. 

Curves connecting the pressure p, in the undisturbed 
wave and ~; have been determined (Fig. 2), taking into 
account not only the disturbance of the wave by the person 
under test, but also the resonance properties of the auditory 
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meatus. Finally, in the original publication a series of 
threshold and impedance values for the human ear are 
given as obtained by the tube method. 

In Fig. 2 various threshold values are compared as 
obtained by different observers and with different methods, 
with the help of the above theory. 


Physiological Evaluation of Shock Measurements. F. I. 
Meister. Akustische Zeits. 2, 1 (1937).—It is important 
to correlate physical magnitudes with the sensation they 
produce. Such variables will therefore be investigated, 
from which the sensation can be deduced in the simplest 
manner. In addition, these variables should be readily 
measurable by electrical or mechanical means. As example 
consider the definition of the sensation ‘‘loudness” as 
logarithmic ratio of pressures. 

We are concerned here with the sensation a shock or a 
vibration produces on an observer. The units most suited 
for determining the magnitude of the sensation can only 
be found by measurements on a large number of persons. 
Displacement amplitude, acceleration or jerk (acceleration 
of momentum) have frequently been proposed as variables 
in such a case. 

Reiher and Meister have performed extensive measure- 
ments for sinusoidal vibrations. They introduce the follow- 
ing scale of rating: 


Ox ticssceeatencnenecaetan not noticeable 
WN 6 chiara a iv eae aes eee just noticeable 
| ern re 
EE ee rere slightly disagreeable 
. .. disagreeable 





Ritch asda ead osemeats exceedingly disagreeable. 


The sensation depends on the direction of the vibration 
and is different for standing and lying observers. The 
curves of Fig. 1 are obtained as a mean and give the above 
sensation levels in terms of the frequency and the displace- 
ment amplitude of the vibration. The measurements have 
been taken with the least possible accommodation of the 
observer, as with time the sensation decreases. 

According to the inclination of these curves, three 
regions, A, B, C, can be distinguished. For equal magnitude 
of sensation, in A the velocity amplitude, in B the 
acceleration, and in C the jerk are a constant, as can 
be verified by plotting the first three differential coef- 
ficients of the displacement by the time. 

In region, A, successive vibrations can hardly be 
noticed individually, but they can be distinguished in B. 
For very low frequencies, in C. everything happening 
during one cycle is essential for the sensation. Acceleration 
for instance is felt practically only at the beginning and 
at the end of the motion. Thus for very low frequencies 
the higher differential coefficients are more important. 

The next step is to apply these results to shocks. It is 
known that the sensation produced by a shock depends on 
its gradualness i.e., the time ¢, during which the oscilla- 
tion increases from zero to its first maximum, and the 
displacement amplitude a,. Fig. 2 represents the sensation 
levels as a function of a, and ¢,. With increasing number 
of shocks per second somewhat smaller amplitudes produce 
the same magnitude of sensation as is seen from the dotted 


curves. 
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In the region ¢,=1.8°10-2 to 6-107 sec. the maximum 
acceleration is a measure of the sensation (the sensation 
levels are horizontal lines, if acceleration is plotted against 
ts), except for small accelerations where the sensation de- 
creases with ¢,. These results are quite similar to those 
obtained for sinusoidal vibrations, if 1/4f, is taken as the 
equivalent frequency of the shock. Thus shocks produce 
similar sensations as sinusoidal vibrations, if they reach 
the same maximum amplitude a, in the same time ¢,. 
Hence, as a rough approximation, the curves of Fig. 1 may 
be taken to be valid also for shocks, the abscissa denoting 
the equivalent frequency 1/4t, of the shock. 

If the measured points are included in the region B of 
Fig. 1, then the acceleration is a measure of the intensity 
of sensation. This will be the case for most of the vibrations 
in vehicles (the frequency varying usually between 1 and 
20 c.p.s.) and everywhere, where the amplitudes of the 
vibrations are fairly above the threshold value. 

In the case of vibrations in buildings due to street 
traffic the velocity is to be taken as a measure of the sen- 
sation, as the amplitudes are very small (0 to 2:10 cm). 

If motions of longer periods have to be investigated, as 
for instance braking and acceleration processes, a jerk 
meter would have to be employed. 

Similarly as in acoustics, the sensation is proportional 
to the logarithm of the corresponding magnitudes 


I=k-log P/P, (Pal), 


I being the intensity of sensation, k a constant, P the 
acceleration, velocity amplitude or jerk of the shock or 
vibration (according to whether the value under consider- 
ation lies in A, B, or C of Fig. 1) and Po is the corresponding 
threshold value. ‘‘Pal’’ is the name proposed for this unit. 

For the physiologic estimation of measurements in 
vehicles it thus seems suitable to have a logarithmic ac- 
celeration meter which for frequencies below 1 c.p.s. 
measures the jerk. Such an apparatus could also be used 
for the measurement of nonperiodic processes, as it would 
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indicate correctly any irregular horizontal or vertical 
motion. 


Suspended Particles in a Sound Field. O. BRANpt, H. 
FREUND AND E, HIEDEMANN, Zeits. f. Physik 104, 511-533, 
(1936).—The displacement amplitude of a particle sus. 
pended in a gas and acted on by a sound field is in genera| 
a function of the intensity of sound, the viscosity 7 of the 
medium and the radius r and density d of the suspended 
particles. Abbot and others have shown that for oscillating 
particles Stokes law applies in its simple form. The case of 
a particle in an oscillating medium is similar. But a limit 
is put to Stokes simple law on account of the vertices which 
appear if the velocity difference between gas and sus. 
pended particle is large. This limit is characterized in the 
case of nonaccelerated motion by a Reynolds number 
smaller than .0.2. Whether this applies with any great 
accuracy to the present problem is not certain. However, 
Andrade has shown that in the case of sonic vibrations, 
at least, vortices separate at Reynolds numbers which are 
in sufficient agreement with those obtained for unacceler- 
ated motion. Accepting Reynolds numbers as criterion, the 
use of the simple formula is justified for the magnitudes we 
are concerned with in the following. 

Thus, the resistive force acting on a particle is given by 


W =4ar(— 3+ 38r— 567") nae". 


In the range 0.5<X,/X,<1, Br can be neglected, X, 
and X, being the displacement amplitudes of the sus. 
pended particles and the gas particles, respectively. This 
follows from a graph X,/X, against the radius r of the 


particles, with the frequency as parameter. Taking in_ 


addition into account the molecular discontinuities of the 
gas, the simple formula results: 


W =6nxrnAv(1+A (e/r)) 1 =6arndAvl, 
F being the correction factor given by Cunningham. 


F=(1+A(e/r))—.* 


A =1, has been put with sufficient accuracy, and /=107 | 


cm. But C=1/6z7nrF is defined as the mobility of the 
molecules giving 
W=Adv/C, 


Av =v,—v, being the difference between the velocity of the 
gas and that of the suspended particles. Describing the 
oscillation of the gas particles by 


xy=X, sin wt 
the following fundamental differential equation is obtained: 
mé,=1/C(X,w cos wl—avp). 


The steady state solution is 


7 
= — ; finn 
(Gndr*y/enF 41" “t—#? 





Xo 
with 
tg ¢=mwC=(4/3)rredwl. 


Denoting by 3 the amplitude of Av, the following expression 
is obtained readily 


d0=V,(1—2 cos o(Xp/X,) +(Xp/X,))}, 
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Fic. 1. Relation between Xp/Xg and 38/Vyg and the frequency for 
particles of radius lu and 0.5. 


V,=wX, being the velocity amplitude of the gas particles. 
Fig. 1 shows the variation of Xp/X, and #/V, with the 
frequency, for two particles of radius ly and 1.54 and 
density 1. Up to a certain frequency the particle oscillates 
with the medium. As the frequency increases its amplitude 
becomes smaller and finally the particle remains at rest. 
In Fig. 2 the lines X,/X,=0.8 and 0.2 are drawn, dividing 
the range of the variables into the regions A, B, C, of 
perfect motion, lag in amplitude, and perfect rest respect. 

The particles suspended in a gas will usually be of 
various sizes, an average being between r=0.1 and 
r=1.5u. Particles of radius between 7; and rz (Fig. 2) 
begin to lag at frequencies between v»; and v2, and particles 
of different size oscillate with different amplitudes. At 
about the frequency v2 the particles rz come to rest. On 
account of aggregation, an aerosol may therefore pass 
from A to B and finally to stage C. 

A criterion for the motion of suspended particles is the 
product r’v or more general 


Z=drv/n. 


Assuming roughly X,/X,=0.8 as the limit, above which 
all the particles are considered to vibrate, and below which 
they are at rest, the critical value of Z is then found as 
Zo=0.54. 

The above considerations have been verified by a few 
microphotographs, taken with a time of exposure of 
1/250th sec. At frequencies between »; and v2 the larger 
particles are seen as dots, whilst the smaller ones appear 
as small streaks, the lengths of the streaks being a measure 
of their displacement amplitudes. Measurements with a 
suspension of paraffin oil in air showed at least rough quan- 
titative agreement with the theoretical results. 

The region of acoustic transition (i.e., B in Fig. 2) is of 
some importance for other problems. For instance, the 
sound absorption coefficient of an aerosol can be cal- 
culated. Owing to the difference in velocity of the gas and 
the suspended particle, a frictional force 


K=-—(1/C)Av=—(1/C)8 cos wt 
acts on each particle, giving for the energy absorbed 


dE= f, *“Kds= f.'- (1/C)8? cos? wtdt. 


After a few elementary calculations, the absorption coef- 
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Fic. 2. The different phases of suspended particles. A, moving with 
the gas; B, region of transition, particle amplitude smaller than gas 
amplitude; C, particle at rest. 


ficient due to the suspended particles is obtained as 


c sin? » 


* ’ 
pu Cm 


a= 





c=n-m being the weight concentration of the suspended 
matter and u the velocity of sound. At relatively low fre- 
quencies large particles lag behind the gas particles and 
hence add to the amount of absorption present. On the 
other hand small particles are found to increase the ab- 
sorption only at the higher frequencies, but then, the 
absorption coefficient increases rapidly with the frequency. 

Theoretical treatment of acoustic coagulation is very 
difficult owing to the complexity of the factors influencing 
this process. However, it can be shown that during the 
stage of acoustic transition (region B, Fig. 2) the proba- 
bility of a collision between two particles is greatly in- 
creased owing to their different displacement amplitudes. 
That part of the coagulation due to this increased proba- 
bility shall be called orthokinetic coagulation. It can be 
estimated roughly, the assumptions made for this purpose 
being (1) that a number of the particles remains at rest, 
the remainder oscillating completely with the medium 
(the stages between are neglected), and (2) that the small 
particles move independently of the large ones. A space of 
aggregation can then be given as a function of the dimen- 
sions of the particles and their displacement amplitude, 
within which all the oscillating small particles collide with 
the large ones. This space is considered to move with the 
large particles through the medium (hydrodynamic cur- 
rents, Browns motion), acting as a nucleus of aggregation. 
With these approximations, the decrease in concentration 
is given by the following formula: 


Z=gerZurmhe prt 


where z and Zo are the concentration at the time ¢ and fo 
of the small particles, Z the concentration of the large 
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particles, w,, their average velocity, h twice the displace- 
ment amplitude of the small particles and p the sum of the 
radii of a small and a large particle. The transformation 
period (time after which the concentration is reduced to } 
of its original value) is given by 


__log.2 
~ 2Zuanhp’ 


The greater the concentration of the large particles, the 
smaller is the transformation period of the system. For a 
‘‘model fog”’ + was of the order of a few sec. This shows 
clearly, that orthokinetic coagulation may play a con- 
siderable part in the total amount of aggregation, par- 
ticularly if the concentration of the suspended particle is 
great. 

A calculation of the part hydrodynamic forces are 
taking in the process of coagulation is hardly possible. But 
a crude idea of the circumstances under which these forces 
become effective is obtained from a calculation of the time 
required for two equal particles at a given distance to 
collide on account of these forces. Such an estimation 
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shows that hydrodynamic forces will only be of importance 


for high supersonic frequencies or for large particles. 

Particles of a liquid disperse phase coagulate into smal] 
spherical drops. Dusts coagulate into large primary units © 
sticking loosely and flakily together. The flaky structure 
of the growing aggregates can be observed with a micro. 
scope. A strong glittering of suspended particles indicates 
a nonspherical shape as the light scattered in a particular 
direction depends on the orientation of the particle, and 
the latter varies continuously on account of Brownian 
motion. Strong sound fields are capable of orientating par- 
ticles in a certain direction and maintaining their orienta- 
tion. In the case of Tyndall light and tobacco smoke, the © 
intensity of the scattered light decreased by about 20 ~ 
percent when the sound field was switched on. The process ~ 
of the increase and decrease of the intensity of the scattered 
light, when switching on and off the sound field could be 
registered by means of a photoelectric cell and a recording 
galvanometer. 


* The ( )~! has been dropped in the original publication. The results 
are calculated correctly. 





References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated; 


the clue as to the language in which the article is written can usually be found by noting the 


name of the journal in which it appears. Abstracts in English of many foreign papers have appeared 
or soon will appear in Science Abstracts, Section A. The abbreviations of the names of journals are 
those used in Science Abstracts and can be found in any annual index to those abstracts. 


GENERAL, UNCLASSIFIED 


The Aural Detection of the Larvae of Insects in Timber. 
F. M. CoLeBrook. J. Sci. Inst. 14, 119-121 (1937). 

Index to Acoustical — of All Journals for the Year 1935. 
Akustische Zeits. 2, 22-33 (1937). 


THEORY OF WAVES AND VIBRATIONS 


The Forced Vibrations of Membranes and Plates Taking 
Initial Motions of Them into Account. ZyuNzo Taka- 
BAYASI. Trans. Soc. Mech. Eng. Japan 2, 11-13 (1936) 
Nr. 6. 

Radiation Pressure and Tension. L. BRILLOUIN. Rev. 
d’Acoustique 5, 99-111 (1936). Sci. Abs. 40, 813. 

Singing Flames. Z. CARRIERE. Rev. d’Acoustique 5, 112- 
138 (1936). 

On the Natural Frequencies of Circular Arcs Vibrating 
Normal to their Plane. Kart FEDERHOFER. Wiener Ber. 
145, 29-50 (1936) Nr. 3. 

The Motion of a Coil Spring Having Variable Tension and 
Variable Mass Per Unit Length. D. A. WELLS. Physics 7, 
395-398 (1936) Nr. 10. 

General Form of a Resonance Curve. HIKOSABURO ATAKA. 
Phil. Mag. 23, 306-309 (1937) Nr. 153. 

On a Formula of Rayleigh for Velocity Potential. N. W. 
McLacuHian AND A. T. McKay. J. Frank. Inst. 223, 
501-509 (1937). 

Vibration in Industry. J. P. Den Hartoc. J. App. Physics 
8, 76-83 (1937). 


The Frequency of Transverse Vibration of a Loaded © 
Fixed-Free Bar. R. M. Davies. Phil. Mag. 23, 563-572, 
and 23, 464-474 (1937). 

On the Motion of an Extensible Membrane in a Gives | 
Curved Surface. C. E. WEATHERBURN. Phil. Mag. 23, 
573-579 (1937) Nr. 155. E 

The Calculation of the Vibration Forms of a Circular Plate, © 
Clamped at the Edge with Friction and Excited at the © 
Center. GrorG Ostroumov. Techn. Phys. USSR. 3, | 
1005 (1936) Nr 11. 

Stationary, Symmetrical Vibrations of a Homogeneous © 
Elastic Hemisphere. ERICH REISSNER. Ingen. Arch. ny ; 
381-396 (1936) Nr. 6. * 

The Physiological Evaluation of Shock Measurements. | 
F. I. Meister. Akustische Zeits. 2, 1-10 (1937). See © 
review in this issue. k 

Forced Vibration of a System with Damping Independent 
of the Velocity. HERMANN NEvuBERT. Akustische Zeits. 2, | } 
34-37 (1937). 

Sound Absorption of Gases in Kundt’s Tubes, Especially 
at Low Pressures. HERMANN Operst. Akustische Zeits. ~ 
2, 76-92 (1937). 


MusIcAL INSTRUMENTS 


On the Vibrations of Piano Strings. O. VIERLING. Zeits.[. | 
techn. Physik 18, 103-105 (1937) Nr. 4. ; 


The Vibration of the Violin Bridge. M. MiInNArRT ANDC. © 


C. VLAM. Physica 4, 361-372 (1937) Nr. 5. 2 


~ 


rtance 


- small 
units © 
ucture 
micro- 
licates 
ticular 
e, and 
yWNian 
1g par: 
rienta- 
ke, the 
out 20 
process — 
attered 
uld be 
cording 
i 


ie results 


Loaded © 


563-572, | 


a Given © 
lag. 23, © 


ar Plate, 
d at the © 
SSR. 3, | 


geneous — 
Arch. 7, © 


rements. © 
137). See © 


7 
h 
ependent , 
» Zeits. 2, 7 
‘specially 
she Zeits. ~ 


. Zeits. f. | 


T ANDC. © 


oy 


CURRENT PUBLICATIONS ON ACOUSTICS 57 


Effect of Finite Breadth of Hammer Striking a Pianoforte 
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Book Review 


Vibrations and Sound. Pxuitip M. Morse. Pp. xv+351. 
McGraw-Hill Book Co., Inc. New York, 1936. Price $4.00. 

The recent rapid progress in the practical applications’ 
of acoustics continues to bring out new books. Many, if 
not most of these, have concerned themselves largely with 
those applications which are of current interest. The 
present work, however, is a rigorous and, one may also 
say, vigorous review of the whole fundamental theory of 
acoustics. It is written primarily for students of physics 
and communications engineering who wish not merely a 
collection of formulas with instructions for use but a clear 
exposition of the methods used in attacking acoustical 
problems. This necessitates a substantial treatment of the 
mathematical foundation of the subject of sound, and 
while the author necessarily follows more or less the cus- 
tomary procedure here, he has taken particular pains to 
make clear the essential physics of the situation so that the 
student is not confused by the purely mathematical 
development. In so doing he recognizes the important fact 
that acoustical theory is of necessity highly idealized and 
that the application to even the simplest of problems is 
coupled with the necessity for frequent approximations, 
the justification for which must be clearly presented if the 
student is not to get a too natural distrust of the whole 
business. 

In the first third of the book the mathematical dis- 
cussion is rather complete with few steps left out, so that 
the reader with a thorough knowledge of elementary cal- 
culus can follow the reasoning without difficulty. In the 
latter part the mathematics is more sketchy and more is 
left for the reader to fill in for himself. A good deal of this 
is rather tough going and will not be easily appreciated 
without a thorough study of the earlier chapters. In other 
words the book is designed to be digested as a whole and 
not merely as a work of reference. The large collection of 
problems based largely on practical data leads to the same 


end of giving the student a working knowledge of the most 
important parts of the field of acoustics. 

One of the valuable features of the book is the effective 
use made of diagrams to illustrate the modes of motion of 
strings and diaphragms. Particularly clever and illuminat- 
ing are the figures illustrating in perspective the shapes of 
the lower modes of oscillation of membranes. These convey 
at a glance physical information which is never quite so 
easily read out of the mathematical formulas. 

Among topics not usually treated thoroughly in books 
on general acoustics the reader will find: an excellent 
account of the use of the perturbation method for the 
vibrating string with variable density; the motion of the 
end supports of strings; a thorough treatment of the con- 
denser microphone; many problems on acoustic radiation 
from radiators of various shapes; the distribution of scat- 
tered sound from obstacles; and finally an exceptionally 
good discussion of sound waves in closed spaces, i.e., the 
fundamental theory of architectural acoustics. It is not 
without interest to the modern physicist to have the author 
point out the close analogy between the methods used in 
the last-mentioned topic and those of recent quantum 
mechanics. 

Naturally in a book of this size certain topics were of 
necessity omitted. The reviewer would have been glad, for 
example, to see a thorough discussion of the rather dif- 
ficult but physically extremely useful concept of acoustical 
conductivity. This would have materially clarified the 
treatment of the Helmholtz resonator and allied matters. 
The choice of subject matter, however, is always a question 
of taste and one must defer to the author here. Without 
any question he has produced a valuable contribution to 
acoustical literature and one that can be whole-heartedly 
recommended to the earnest student of the phenomena of 
sound. 


R. B. Linpsay 





Acoustical Society News 


HE Washington meeting of the Acoustical Society, 

May 3 and 4, was interesting and profitable. The 
committee on arrangements, Mr. V. L. Chrisler and 
Mr. W. F. Snyder, was given a vote of appreciation for 
their efficient efforts in arranging the meeting. Twenty- 
eight papers on a variety of subjects appeared on the 
program. Abstracts of the papers are printed in this issue 
of the Journal. 

About one hundred people were in attendance at the 
meetings, and about the same number attended the dinner 
Monday evening. An unusual event was the interesting 
trip Monday evening to inspect various government 
buildings that exhibited acoustic features, particularly the 
Supreme Court Building. 


Officers elected for the year are as follows: 
President 


Vice President 
Secretary 


F. A. SAUNDERS 
V. L. CHRISLER 
WALLACE WATERFALL 





G. T. STANTON 
F. R. WATSON 


Treasurer 
Editor 


Members of the Council, H. F. Olson and D. A. Laird, 
who succeed J. S. Parkinson and I. Wolff, whose terms of 
office expired. 

The new Editorial Board approved by the Council is: 
F. R. Watson (Editor), Wallace Waterfall, E. C. Wente, 
F. A. Firestone, Irving Wolff, and J. S. Parkinson, F. A, 
Saunders (ex-officio). 


Future meetings were arranged as follows: October, 
1937, Detroit; May, 1938, Washington, D. C.; September, 
1938, Harvard University. 


A movement is underway to secure an international 
standardization of acoustical terminology and measure- 
ments. Dr. Harvey Fletcher will attend a meeting about 
July 1, in Paris as the American representative of this 
movement. 
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American Tentative Standard Acoustical Terminology* 


H. A. FREDERICK 


4S AaRE. ee. te 


Bell Telephone Laboratories, New York, N. Y. 


1.0 GENERAL DEFINITIONS 


1.1 Sound.—(a) Sound is an alteration in 
pressure, particle displacement or particle ve- 
locity propagated in an elastic material or the 
superposition of such propagated alterations. 

(b) Sound is also the sensation produced 
through the ear by the alterations described 
above.! 

1.2 Pure tone (simple tone).—A pure tone is a 
sound produced by an instantaneous sound 
pressure which is a simple sinusoidal function of 
the time. 

1.3 Periodic quantity (harmonic quantity’) 
(proposed American Standard definitions of elec- 
trical terms—C42 : 05.05.170).—A periodic quan- 
tity is an oscillating quantity the values of which 
recur for equal increments of the independent 
variable. If a periodic quantity, y, is a function of 
x, then y has the property that y=f(x)=f(x+7), 
where 7, a constant, is a period of y. The smallest 


* The standard terminology contained in this paper was 
developed by the subcommittee on terminology and by its 
subcommittee on musical terminology. The personnel of 
these subcommittees is as follows: 


Terminology Subcommittee 


H. A. FREDERICK, Chairman 
PauL H. BILHUBER 

C. W. HEWLETT 

W. H. MartTIn 

IRVING WOLFF 

V. L. CHRISLER 

R. V. PARSONS 

C. F. Wiesuscu, Secretary 


Music Subcommittee 


PauL H. BILHuUBER, Chairman 
OTTO ORTMANN 

A. T. JONES 

JOHN REDFIELD 

WILLIAM BrRAip WHITE 


Draft standards were prepared by the subcommittees 
involved, considered by the sectional committee and 
distributed widely in mimeographed form for comment 
and criticism, reconsidered by the sectional committee and 
finally adopted in accordance with the regular procedure 
of the American Standards Association. 

Comments and suggestions are always welcome and 
should be addressed to Mr. J. W. McNair, the secretary of 
the sectional committee, 29 West 39th Street, New 
York City. 

1In case of possible confusion the term ‘‘sound wave’’ 
may be used for concept (a), and the term ‘‘sound sensa- 
tion’’ for concept (b). 

2 Deprecated. 
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‘ 
positive value of 7 is the primitive period of y, 
generally called simply of the period of y. 

In general a periodic function can be expanded 
into a Fourier series, so that 


y=f(x)=Aot+Ai sin (wx+a}) 
+A, sin (2wx+ ae) + ‘oom 


where w, a positive constant, equals 27 divided 
by the period 7, and the A’s and a’s are con- 
stants which may be positive, negative, or zero, 

1.4 Cycle (~).—One complete set of the recur- 
rent values of a periodic quantity comprises qa | 
cycle. 

1.5 Period (T).—The time required for one 
cycle of,a periodic quantity is the period. The © 
unit is the second. : 

1.6 Frequency (f).—The number of cycles | 
occurring per unit of time, or which would occur : 
per unit of time if all subsequent cycles were | 
identical with the cycle under consideration is © 
the frequency. The frequency is the reciprocal of © 
the period. The unit is the cycle per second? | 

1.7 Octave.—An octave is the interval between : 
two frequencies having a ratio of two to one. | 
One octave is equal to 1200 cents. (See 6.10 and | 
6.12.) ; 
1.8 Fundamental frequency (proposed American i 
Standard definitions of electrical terms—C42: 
70.05.020).—A fundamental frequency is_ the 
lowest component frequency of a periodic wave F 
or quantity. 

1.9 Harmonic (proposed American Standard 
definitions of electrical terms—C42 : 70.05.025).— 
A harmonic is a component of a periodic wave 
or quantity having a frequency which is an 
integral multiple of the fundamental frequency. 7 
For example, a component the frequency of | 
which is twice the fundamental frequency is) 
called the second harmonic. 

1.10 Basic frequency.—The basic frequency of 
any wave is that frequency which is considered 





3It is recommended that the following terms be dis 
continued: double vibrations (dv), periods per second (pps), 
and Hertz all these being equivalent to cycles per second; 
and vibrations per second (vs) which has usually been ~ 
used as the equivalent of half-cycles per second. é 
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to be the most important. In a driven system it 
would in general be the driving frequency while 
in most periodic waves it would correspond to 
the fundamental frequency. 

1.11 Partial—A partial is a component of a 
complex tone. Its frequency may be either higher 
or lower than that of the basic frequency and 
may or may not bear an integral relation to the 
basic frequency. 

1.12 Overtone.—An overtone is a partial having 
a frequency higher than that of the basic fre- 
quency. 

1.13 Subharmonic.—A subharmonic is a com- 
ponent of a complex wave having a frequency 
which is an integral submultiple of the basic 
frequency. ‘ 

1.14 Wave-length (\).—The wave-length of a 
periodic wave in an isotropic medium is the per- 
pendicular distance between two wave fronts in 
which the displacements have a phase difference 
of one complete cycle. 

1.15 Diffuse sound.—Sound is said to be in 
a perfectly diffuse state when in the region con- 
sidered, the energy density, averaged over por- 
tions of the region large compared to the wave- 
length, is uniform and when all directions of 
energy flux at all parts of the region are equally 
probable. 

1.16 Particle velocity —The particle velocity 
in a sound wave is the instantaneous velocity of 
a given infinitesimal part of the medium, with 
reference to the medium as a whole, due to the 
passage of the sound wave. 

1.17 Bel (b) (proposed American Standard 
definitions of electrical terms—C42 : 65.10.005).— 
The bel is the fundamental division of a logarith- 
mic scale for expressing the ratio of two amounts 
of power, the number of bels denoting such a 
ratio being the logarithm to the base ten of this 
ratio.5 

1.18 Decibel (db) (proposed American Standard 
definitions of electrical terms—C 12 : 65.10.010).— 
The decibel is one-tenth of a bel, the number of 
decibels denoting the ratio of two amounts of 
power being ten times the logarithm to the base 


‘The term subharmonic is generally applied in the case 
of a driven system whose vibration has frequency com- 
ponents of lower frequency than the driving frequency. 

* With P; and P, designating two amounts of power and 
N the number of bels denoting the ratio P,/P2: 


N= logy (P:/P:) bels. 
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ten of this ratio. The abbreviation db is commonly 
used for the term decibel.® 
When the conditions are such that ratios of 

currents or ratios of voltages (or analogous quan- 
tities in other fields such as pressures, ampli- 
tudes, particle velocities in sound) are the square 
roots of the corresponding power ratios, the 
number of decibels by which the corresponding 
powers differ is expressed by the following 
formulae 

n= 20 logo (11/I2) db 

n= 20 login (V1/ V2) db 


where J;/J2 and V,/Ve2 are the given current 
and voltage ratios respectively. 

By extension, these relations between numbers 
of decibels and ratios of currents or voltages are 
sometimes applied where these ratios are not the 
square roots of the corresponding power ratios; 
to avoid confusion, such usage should be accom- 
panied by a specific statement of this application. 

1.19 Dyne per square centimeter (bar’) (micro- 
bar) (barye).—A dyne per square centimeter is 
the unit of sound pressure.® 

1.20 Static pressure (Po).—The static pressure 
is the pressure that would exist in the medium 
with no sound waves present. The unit is the 
dyne per square centimeter. 

1.21 Instantaneous sound pressure (p).—The 
instantaneous sound pressure at a point is the 
total instantaneous pressure at that point minus 
the static pressure. The unit is the dyne per 
square centimeter.® 

1.22 Effective sound pressure (P).—The ef- 
fective sound pressure at a point is the root-mean- 
square value of the instantaneous sound pressure 
over a complete cycle, at that point. The unit is 
the dyne per square centimeter.'® 

1.23 Maximum sound pressure (Pm).—The 
maximum sound pressure for any given cycle is 


6 With P; and P, designating two amounts of power and 
n the number of decibels denoting their ratio: 

n=10 logy (Pi/P2) db. 

7 Deprecated. 

8 The term ‘‘bar” was originally applied to a pressure of 
10° dynes per square centimeter, and in all other fields 
except acoustics it is used with this meaning. Unfortunately 
in acoustics it was used to mean one dyne per square 
centimeter. It is suggested that in speaking of sound pres- 
sures the more fundamental term ‘‘dyne per square centi- 
meter” be used. 

® This is often called excess pressure. 

10 The term “effective sound pressure” is frequently 
shortened to ‘‘sound pressure.” 
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the maximum absolute value of the instantaneous 
sound pressure during that cycle. The unit is the 
dyne per square centimeter." 

1.24 Peak sound pressure—The peak sound 
pressure for any specified time interval is the 
maximum absolute value of the instantaneous 
sound pressure in that interval. The unit is the 
dyne per square centimeter. 

1.25 Sound energy flux (J).—The sound energy 
flux is the average over one period of the rate of 
flow of sound energy through any specified area. 
The unit is the erg per second.” 

1.26 Pressure level—The pressure level, in 
bels, of a sound is two times the logarithm to 
the base ten of the ratio of the pressure P of this 
sound to the reference pressure Py. Unless other- 
wise specified, the reference pressure is under- 
stood to be 0.0002 dyne per square centimeter. 
Pressure level may also be expressed in decibels." 

1.27 Velocity level—The velocity level, in bels, 
of a sound is two times the logarithm to the base 
ten of the ratio of the particle velocity of the 
sound to the reference particle velocity. Unless 
otherwise specified the reference particle velocity 
is understood to be 5X10 centimeters per 
second effective value. Velocity level may also be 
expressed in decibels." 

1.28 Sound energy density (E).—Sound energy 
density is the sound energy per unit volume. The 
unit is the erg per cubic centimeter. 

1.29 Sound intensity (1) (sound energy flux 
density) (flux density)—The sound intensity of 
a sound field in a specified direction at a point 
is the sound energy transmitted per unit of time 
in the specified direction through a unit area 
normal to this direction at the point. The unit is 


11 In the case of a sinusoidal sound wave this maximum 
sound pressure is also called the pressure amplitude. 

22 In a gas of density p, for a plane or spherical free wave 
having a velocity of propagation c, the sound energy flux 
through the area a (square centimeters) corresponding to 
an effective sound pressure P is 


J= = cos 6 ergs per second 


where @ is the angle between the direction of propagation 
of the sound and the normal to the area a. 

13 [t is to be noted that if the ratio of the pressures is not 
equal to the square root of the corresponding power ratios 
the pressure level is not given in bels or decibels in the 
strict sense. See 1.17. 

14 It is to be noted that if the ratio of the velocities is not 
equal to the square root of the corresponding power ratios 
the velocity level is not given in bels or decibels in the 
strict sense. See 1.17. 
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the erg per second per square centimeter but 
sound intensity may also be expressed in watts 
per square centimeter.!®: 1 

1.30 Intensity level (I) (sound energy flux 
density level). The intensity level, in bels, of a 
sound is the logarithm to the base ten of the 
ratio of the intensity J of this sound, to the 
reference intensity Jo. Intensity level may also 
be expressed in decibels. 

1.31 Beats.—Beats are the periodic variations 
of the amplitude of the sound pressure or the 
particle velocity at a point due to the interference 
of two sound waves of different frequencies. 

1.32 Free wave (free progressive wave).—A free 
wave is a sound wave free from interference 
effects. 

1.33 Interference pattern.—An interference pat- 
tern is the resulting space distribution of pres. 
sure, particle velocity, energy density or energy 
flux when sound waves of the same frequency are 
superposed. 

1.34 Stationary or standing waves.—Stationary 


waves are the wave system resulting from the | 


interference of waves of the same frequencies and 
are characterized by the existence of nodes or 
partial nodes.'” 

1.35 Nodes.—Nodes are the points, lines, or 
surfaces of a stationary wave system which have 
a zero amplitude.'® 

1.36 Partial nodes.—Partial nodes are _ the 
points, lines or surfaces of a stationary wave 
system which have a minimum amplitude. 


1 The sound intensity in any specified direction ‘‘a”’ is 
given by 


1 rT 
Laz J, pred! 


where T is the period, p the instantaneous sound pressure 
and v is the component of the instantaneous particle 
velocity in the direction ‘‘a.”’ 

16 In the case of a plane or spherical free wave having 
the effective sound pressure P dynes per square centimeter 
the velocity of propagation c (centimeters per second) ina 
medium of density p (grams per cubic centimeter), the 
intensity in the direction of propagation is given by 


P? ; 
= 7c eres per sec. per square centimeter). 


This same relation can often be used in practice with 
sufficient accuracy to calculate the intensity at a point 
near the source with only a pressure measurement. Ia 
more complicated sound fields the results given by this 
relation may differ greatly from the actual intensity. 

17 This definition broadens the ideal classical concept 


which is limited to a wave system characterized by a zer0 


sound energy flux at all points. 
18 There are different types of nodes such as pressure 


ai ian a lt nin, ie cen eee ma 





nodes or velocity nodes and hence the type must be | 


specified. 
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1.37 Antinodes.—Antinodes are the points, 
lines or surfaces of a stationary wave system 
which have a maximum amplitude. 

1.38 Echo.—An echo is a wave which has been 
reflected or otherwise returned with sufficient 
magnitude and delay to be perceived in some 
manner as a wave distinct from that directly 
transmitted. 

1.39 Multiple echo.—A multiple echo is a suc- 
cession of separately distinguishable echoes from 
a single source. 

1.40 Flutter echo.—A flutter echo is a rapid 
succession of reflected pulses resulting from a 
single initial pulse. If the flutter echo is periodic 
and if the frequency is in the audible range it is 
called a musical echo. 

1.41 Unpitched sound.—An unpitched sound 
is any sound to which no definite pitch can be 
assigned. 

1.42 Noise.—Noise is any undesired sound. 

1.43 Infra audible sound (IA sound).—Infra 
audible sound is sound whose frequency is below 
the lower pitch limit. See 3.2. 

1.44 Ultra audible sound (supersonic sound) 
(UA sound).—Ultra audible sound is sound 
whose frequency is above the upper pitch limit. 
See 3.3. 


2.0 ARCHITECTURAL ACOUSTICS 


2.1 Acoustic reflectivity—The acoustic reflec- 
tivity of a surface not a generator, is the ratio of 
the rate of flow of sound energy reflected from 
the surface, on the side of incidence, to the 
incident rate of flow. Unless otherwise specified 
all possible directions of incident flow are as- 
sumed to be equally probable. Also, unless other- 
wise stated the values given apply to a portion 
of an infinite surface thus eliminating edge effects. 

2.2 Acoustic absorptivity.—The acoustic ab- 
sorptivity of a surface is equal to one minus the 
reflectivity of that surface. 

2.3 Sabin (plural-sabins).—The sabin is a unit 
of equivalent absorption and is equal to the 
equivalent absorption of one square foot of a 
surface of unit absorptivity, i.e., of one square 
foot of surface which absorbs all incident sound 
energy. 

2.4 Acoustic transmittivity—The acoustic 
transmittivity of an interface or septum is the 
ratio of the rate of flow of transmitted sound 


energy to the rate of incident flow. Unless other- 
wise specified all directions of incident flow are 
assumed to be equally probable. 

2.5 Reverberation—Reverberation is the per- 
sistence of sound, due to repeated reflections. 

2.6 Rate of decay (of sound energy density) (S). 
—The rate of decay of sound energy density is 
the time rate at which the sound energy density 
is decreasing at a given point and at a given 
time. The practical unit is the decibel per second. 

2.7 Reverberation time (T).—The reverberation 
time for a given frequency is the time required 
for the average sound energy density, initially in 
a steady state, to decrease, after the source is 
stopped, to one millionth of its initial value. The 
unit is the second. 

2.8 Mean free path—The mean free path for 
sound waves in an inclosure is the average dis- 
tance sound travels in the inclosure between 
successive reflections. 


3.0 HEARING 


3.1 Pitch.—Pitch is that subjective quality of 
a sound which determines its position in a 
musical scale. Pitch may be measured as the 
frequency of that pure tone having a specified 
sound pressure, or specified loudness level, which 
seems to the average normal ear to occupy the 
same position in a musical scale. The unit is the 
cycle per second. 

3.2 Lower pitch limit.—The lower pitch limit 
is the minimum frequency for a sinusoidal sound 
wave, that will produce a pitch sensation. 

3.3 Upper pitch limit.—The upper pitch limit 
is the maximum frequency, for a_ sinusoidal 
sound wave, that will produce a pitch sensation. 

3.4 Threshold of audibility.—The threshold of 
audibility at any specified frequency is the mini- 
mum value of the sound pressure of a sinusoidal 
wave of that frequency which produces a pitch 
sensation. This term is often used to denote the 
minimum value of the sound pressure of any 
specified complex wave (such as speech or music) 
which gives the ear a sensation of sound. The 
point at which the pressure is measured must be 
specified in every case. It is expressed in dynes 
per square centimeter.'*: ° 


1® Unless otherwise specified the ear is assumed to be in a 
silent place. 

20 The threshold of audibility is also expressed in terms 
of the sound intensity in ergs per second per square 
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3.5 Normal threshold of audibility—The nor- 
mal threshold of audibility is the modal value of 
the thresholds of audibility of a large number of 
normal ears. The unit is the dyne per square 
centimeter.”! 

3.6 Threshold of feeling—The threshold of 
feeling at any specified frequency is the minimum 
value of the sound pressure of a sinusoidal wave 
of that frequency which will stimulate the ear to 
a point at which there is the sensation of feeling. 
The point at which the pressure is measured 
must be specified in every case. It is expressed in 
dynes per square centimeter. 

3.7 Normal threshold of feeling —The normal 
threshold of feeling is the modal value of the 
threshold of feeling of a large number of normal 
ears. It is expressed in dynes per square cen- 
timeter. 

3.8 Level above threshold (sensation level).— 
The level above threshold of a sound is the dif- 
ference between the intensity level of the sound 
and the intensity level of the threshold of audi- 
bility for that sound. It is expressed in decibels.” 

3.9 Hearing loss (deafness).—The hearing loss 
of an ear at a given frequency is the ratio of the 
threshold of audibility for that ear to the normal 
threshold of audibility, at the same frequency. 
It is expressed in decibels. 

3.10 Percent hearing loss (percent deafness).— 
The percent hearing loss at any given frequency 
is one hundred times the ratio of the hearing loss 
in decibels to the number of decibels between the 
normal threshold levels of audibility and of feel- 
ing at that frequency. 

3.11 Percent hearing.—The percent hearing at 
any given frequency is one hundred minus the 
percent hearing loss at that frequency. 

3.12 Air conduction perception.—Air conduc- 
tion perception is perception in which the sound 


centimeter, or in terms of the intensity level above a 
specified reference intensity. 

21 The term may be shortened to ‘‘normal threshold” 
when no danger of confusing it with the normal threshold 
of feeling exists. 

2 The term ‘‘Level Above Threshold” as here defined has 
a unique meaning only in the case of a free wave. If how- 
ever the intensities specified are those along the ear canal 
of the listener then the meaning is definite in any kind of 
sound field and the intensity level values may be replaced 
by either the pressure level or the velocity level in the ear 
canal, assuming that the ear impedance is linear. This note 
is appended to the definition to promote comments and 
discussion. 





FREDERICK 


is conducted to the inner ear through the air ip 
the meatus. 
3.13 Bone conduction perception.—Bone con. 


duction perception is perception in which the | 





sound is conducted to the inner ear by the cranial | 


bones. 

3.14 Loudness.—The loudness is that sub. 
jective quality of a sound which determines the 
magnitude of the auditory sensation produced 
by that sound. 


3.15 Equivalent loudness (loudness level) (equiv. | 
alent loudness level).—The equivalent loudness © 


of a sound is the intensity level, relative to some 
arbitrary reference intensity, of the 1000-cycle 


pure tone which is judged by the listeners to be | 


equivalent in loudness. The unit is the decibel.” * 


3.16 Masking of a sound.—The masking of a | 


sound is the shift of the threshold of audibility 
of the masked sound due to the presence of the 
masking sound. The unit is the decibel. 


3.17 Auditory sensation area.—The auditory | 


sensation area is the area enclosed by the curves 
defining the threshold of feeling and the threshold 
of audibility. 

3.18 Audiogram.—An audiogram is a hearing 
loss—frequency graph or a percent hearing—fre- 
quency graph. 

3.19 Noise audiogram.—A noise audiogram 
is a graphical record of the masking due to a 
given noise, as a function of the frequency of the 
masked tone. 

3.20 Loudness contours.—Loudness contours 
are curves of equal loudness for sinusoidal sound 
waves. 

3.21 Instantaneous speech power.—The instan- 
taneous speech power is the rate at which sound 
energy is being radiated by the speaker at any 
given instant. 

3.22 Average speech power.—The average 
speech power for any given time interval is the 


23 The 1000-cycle comparison tone shall be considered 
as a plane sinusoidal sound wave coming from a position 
directly in front of the observer. The listening is to be done 
with both ears and the intensity level of the 1000-cycle 
comparison tone is to be measured in the free progressive 
wave. It is recommended that the reference intensity be 
fixed at a sound flux density of 10~© watts per square 
centimeter in air at normal condition. This is near the 
value of the threshold of audibility for a 1000-cycle pure 


tone measured in a plane free wave coming directly to the 7 


front of the observer. 


* The term ‘“‘phon” is used by some writers as the | 


equivalent of the db in specifying equivalent loudness. 
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average value of the instantaneous speech 
power over that interval. 

3.23 Phonetic speech power.—The phonetic 
speech power is the maximum value of the aver- 
age speech power, for 0.01 second intervals, of a 
vowel or consonant sound. 

3.24 Peak speech power.—The peak speech 
power is the maximum value of the instantaneous 
speech power over the time interval considered. 

3.25 Discrete sentence intelligibility.—The: dis- 
crete sentence intelligibility is the percentage of 
the total number of spoken sentences which are 
correctly understood, when each sentence con- 
veys a simple idea and is of a form to test the 
observer's acuteness of perception rather than 
his intelligence. 

3.26 Discrete word intelligibility —The discrete 
word intelligibility is the percentage of the total 
number of spoken words which are correctly 
understood when the words are spoken so as to 
have no contextual relation between them. 

3.27 Syllable articulation—The syllable ar- 
ticulation is the percentage of the total number 
of spoken meaningless syllables which are cor- 
rectly recognized. 

3.28 Sound articulation.—The sound articu- 
lation is the percentage of the total number of 
spoken fundamental sounds which are correctly 
recognized when the sounds are spoken in mean- 
ingless syllables. 

3.29 Vowel, consonant, initial consonant or final 
consonant articulation.—The vowel, consonant, 
initial consonant or final consonant articulation 
is the sound articulation analyzed to show the 
percentage correctly recognized of the total 
number of vowels, consonants, initial consonants 
or final consonants, respectively, which were used 
in the articulation tests. 

3.30 Individual sound articulation.—The in- 
dividual sound articulation is the sound articu- 
lation analyzed to show the percentage correctly 
recognized for a particular sound such as ‘“‘e.”” 


4.0 SOUND TRANSMISSION 


Note on terminology 


Because of the similarity of electrical, me- 
chanical, and acoustical transmission theory the 
same terminology is used in the three cases. 
Where confusion is likely to occur the term 
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mechanical or acoustic should be prefixed to the 
general term, e.g., acoustic transfer impedance, 
but unless otherwise specified the following 
definitions apply not only in acoustics but in 
mechanics as well. While acoustics is a branch 
of mechanics it is found convenient to dis- 
tinguish an acoustic system from a mechanical 
one using the former term whenever elastic wave 
motion is an essential feature. 

The terms and definitions of this section per- 
tain to single frequency pressures or driving 
forces, and volume velocities or velocities in the 
steady state, and to transmission systems having 
properties which are independent of the mag- 
nitudes of these pressures and velocities. The 
forces, pressures, velocities, etc., can be repre- 
sented mathematically by complex exponential 
functions of the time. Under these conditions the 
factors involving the time cancel out in the ratios 
called for in the definitions, leaving complex 
numbers independent of time. Solutions based on 
complex exponential functions under these con- 
ditions give the solution for real sinusoidal oscil- 
lations. 

4.1 Acoustic impedance.—The acoustic im- 
pedance of a sound medium on a given surface 
lying in a wave front is the complex quotient of 
the sound pressure (force per unit area) on that 
surface by the flux (volume velocity, or linear 
velocity multiplied by the area), through the 
surface. When concentrated rather than dis- 
tributed impedances are considered, the im- 
pedance of a portion of the medium is defined by 
the complex quotient of the pressure difference 
effective in driving that portion, by the flux 
(volume velocity). The acoustic impedance may 
be expressed in terms of mechanical impedance, 
acoustic impedance being equal to the mechanical 
impedance divided by the square of the area of 
the surface considered. The unit is the acoustic 
ohm.?5 

4.2 Acoustic resistance—The acoustic resist- 
ance of a sound medium is the real component 
of the acoustic impedance. This is the component 
of the acoustic impedance that is responsible for 
the dissipation of energy. The unit is the acoustic 
ohm. 

4.3 Acoustic reactance.—The acoustic react- 








% Velocities in the direction along which the impedance 
is to be specified are considered positive. 
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ance of a sound medium is the imaginary com- 
ponent of the acoustic impedance. It is the com- 
ponent of the acoustic impedance which may 
result from the effective mass or from the com- 
pliance of the medium. The unit is the acoustic 
ohm. 

4.4 Acoustic ohm.—An acoustic resistance, 
reactance or impedance is said to have a magni- 
tude of one acoustic ohm when a sound pressure 
of one dyne per square centimeter produces a 
volume velocity of one cubic centimeter per 
second. 

4.5 Acoustic inertance.—The acoustic inertance 
of a sound medium is that coefficient which, 
when multiplied by 27 times the frequency gives 
the imaginary part of the acoustic impedance 
which results from the inertia or effective mass of 
the medium. The unit is the gram. 

4.6 Acoustic stiffness——The acoustic stiffness 
of a sound medium is that coefficient which when 
divided by 27 times the frequency gives the 
imaginary part of the acoustic impedance which 
results from the compliance of the medium or the 
volume displacement per unit pressure. The unit 
is the dyne per centimeter to the fifth power. 

4.7 Acoustic compliance-——The acoustic com- 
pliance of a sound medium is the reciprocal of 
the acoustic stiffness of the medium. 

4.8 Mechanical impedance.—The mechanical 
impedance of a mechanical system is the complex 
quotient of the alternating force applied to the 
system by the resulting alternating linear 
velocity in the direction of the force at its point 
of application. The unit is the mechanical ohm 
or the dyne second per centimeter. 

4.9 Driving point impedance.—The driving 
point impedance is the complex quotient at any 
driving point, of the force (or sound pressure) by 
the velocity (linear or volume) of vibration at 
that point. 

4.10 Resonance (velocity resonance).—Reso- 
nance exists between a body, or system, and an 
applied sinusoidal force if any small change in 
the frequency of the applied force causes a de- 
crease in velocity at the driving point; or if the 
frequency of the applied force is such that the 
absolute value of the driving point impedance is 
a minimum.”® 


*6 In the case of a singly resonant system consisting of a 
mass reactance, a stiffness reactance, and a resistance in 
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4.11 Resonant frequency.—A_ resonant fre. 
quency is a frequency at which resonance exists, 
The unit is the cycle per second.*” 

4.12 Displacement resonance.—Displacement 
resonance exists between a body, or system, and 
a sinusoidally applied force if any small change 
in frequency of the applied force causes a decrease 
in the amplitude of displacement. 


Discussion 


In the case of a system whose motion can be 
described by the equation : 
2 , 
us +Ro +Sx=A cos wl 
the characteristics of the different kinds of 
resonance in terms of the constants of the above 
equation are given in the table on page 67. 

For small values of R, there is little difference 
between the three cases discussed above. 

4.13 Anti-resonant frequency.—An anti-reso- 
nant frequency of any device is a frequency at 
which the current, the velocity, or the displace- 
ment at the driving point will have a minimum 
magnitude when driven by a constant force. 
The unit is the cycle per second.” 

4.14 Anti-resonance.—Anti-resonance is the 
condition existing at an anti-resonant frequency. 

4.15 Forced vibration.—A forced vibration is 
any vibration that is imposed upon a system by 
external force and whose frequency is controlled 
thereby. 

4.16 Free vibration.—A free vibration is any 
vibration which exists in a system after all 
driving forces have been removed from the 
system. 

4.17 Natural frequency (fo).—The natural fre- 
quency of any system is the frequency at which 
its vibrating element will vibrate after the 
external force displacing it from its normal 


series, the frequency of resonance as defined above is also 
the frequency at which the mass and the stiffness react- 
ances are numerically equal, and hence the frequency at 
which the applied sinusoidal force and the resulting 
sinusoidal velocity are in phase. : 

27 In cases where there is a possibility of confusion it is 
necessary to specify the type of resonant frequency, i.e., 
displacement resonant frequency, or velocity resonant 
frequency. 


28 In cases where confusion might exist it is necessary to 7 


specify whether velocity or displacement anti-resonance 1s 
meant. 
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position has ceased to act. The unit is the cycle 
per second. 

4.18 Natural period.—The natural period is 
the reciprocal of the natural frequency. The unit 
is the second. 

4.19 Conjugate impedance.——Two impedances 
are said to be conjugate to each other when 
their effective resistances are equal and their re- 
actances are equal in magnitude but are opposite 
in sign. 

4.20 Transfer impedance.—The transfer im- 
pedance between two points is the complex 
ratio of an applied sinusoidal force (or sound 
pressure) at one point to the resultant velocity or 
volume velocity at the second point. 

4.21 Insertion loss.—The insertion loss caused 
by the insertion of a system in another system is 
the proportional loss in power delivered to that 
part of the original system beyond the point of 
insertion due to the inserted system. The unit is 
the decibel. 

4.22 Transducer loss.—The transducer loss of 
a piece of apparatus between two given terminals 
is the proportional loss caused by inserting the 
apparatus, assuming that as a reference standard 
the source and the load were connected through 
an ideal transducer. The unit is the decibel. 

4.23 Propagation constant (P).—The propaga- 
tion constant (P) of a uniform system, or of a 
section of a system of recurrent structure is the 
natural logarithm of the complex ratio of the 
steady-state velocities (linear or volume) at two 
points separated by unit distance in the uniform 
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system (assumed to be of infinite length), or at 
two successive corresponding points in the system 
of recurrent structure (assumed to be of infinite 
length). The ratio is determined by dividing the 
value of the velocity at the point nearer the trans- 
mitting end by the value of the velocity at the 
point more remote.”® 

4.24 Neper.—The neper is a unit of the same 
nature as the decibel but differs from it in mag- 
nitude. When used for expressing power ratios 
the number of nepers “‘N’”’ by which the power P 
exceeds the power P» is given by, N=} log. P/ Py 
or if used for expressing the current, velocity, 
voltage or force ratios when these are working 
into the same or equal impedances N = log, @1/ ao. 
One neper is equivalent to 8.686 decibels. 

4.25 Attenuation constant (A).—The attenua- 
tion constant is the real part of the “propagation 
constant.” The unit is the ‘“‘neper.’*° 

4.26 Phase constant (B).—The phase constant 
is the imaginary part of the “propagation 
constant.” The unit is the radian.*! 


29Single frequency pressures and velocities are here 
supposed to be represented by complex numbers. Their 
ratio is therefore a complex number. 

30 In the case of a symmetrical structure, the real parts 
of both the transfer constant and the propagation constant 
are identical, and hence either one may be called simply 
the attenuation constant. In the case of a portion of smooth 
line of infinite length the attenuation constant is the 
natural logarithm of the absolute value of the ratio of the 
currents at the beginning and end of the length under 
consideration. 

‘In the case of a symmetrical structure, the imaginary 
part of both the transfer constant and of the propagation 
constant are identical and have been called the * ““wave- 
length constant” as well as the ‘‘angular constant.’ 
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4.27 Iterative impedance.—The iterative im- 
pedance of any transducer, having an input and 
an output, is the impedance which will terminate 
the output in such a way as to make the input 
impedance equal to this terminating impedance. 

4.28 Image impedance.—The image impedance 
of any transducer, having an input and an out- 
put, are those impedances which will terminate 
the transducer in such a way that at either 
junction the impedances in both directions are 
identical.® 

4.29 Transfer constant (@).—The transfer con- 
stant of any passive transducer is one-half the 
natural logarithm of the complex ratio of the 
steady-state product of the force and the 
velocity, or pressure and volume velocity entering 
the transducer to that leaving the transducer 
when the latter is terminated in its image 
impedance.** 

4.30 Image attenuation constant.—The image 
attenuation constant is the real part of the 
“transfer constant.”’ The prefix “‘image’’ may be 
omitted if there is no danger of confusion. 

4.31 Image phase constant.—The image phase 
constant is the imaginary part of the ‘‘transfer 
constant.”” The prefix ‘image’ may be omitted 
when there is no danger of confusion. 

4.32 Cut-off frequency (f.).—The cut-off fre- 
quency of any nondissipative structure is the 
divisional frequency immediately on one side of 
which the attenuation constant is zero and 
immediately on the other side of which the 
attenuation constant is not zero. The cut-off 
frequency of a dissipative structure is the cut- 
off frequency which would exist in a nondissipa- 
tive structure having the same constants for the 
reactive elements. 

4.33 Force factor—The force factor of an 
electromechanical transducer is the complex 
quotient of the resulting force in the mechanical 
system when blocked and the current in the 
electrical system; or the complex quotient of 
the resulting open circuit voltage in the electrical 


s 

® This is equivalent to stating that the image impedance 
at either end is the geometric mean of the open and the 
short circuit impedances of the transducer as measured 
from that end. The image impedance of any symmetrical 
transducer is the same as its iterative impedance. 

% Single frequency forces and velocities are here sup- 
posed to be represented by complex numbers. Their ratio 
is therefore a complex number. 
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system and the velocity in the mechanical 
system. 

The force factor of an electro-acoustic trans. 
ducer is the complex quotient of the resulting 
blocked pressure in the acoustic system and the 
current in the electrical system; or the complex 
quotient of the resulting open circuit voltage in 
the electrical system and the volume velocity 
in the acoustic system. 

4.34 Blocked impedance.—The blocked im. 
pedance of a transducer is the impedance meas- 
ured at the input when the impedance of the 
output system is made infinite. 

4.35 Normal impedance.—The normal imped- 
ance of a transducer is the impedance measured 
at the input of the transducer when the output 
is connected to its normal load. 

4.36 Motional impedance.—The motional im- 
pedance of a transducer is the vector difference 
between ‘its normal and its blocked impedance. 


5.0 TRANSMISSION SYSTEMS 


5.1 Acoustic system.—An acoustic system is a 
system adapted for the transmission of sound. 

5.2 Symmetrical transducer (symmetrical nel- 
work).—A symmetrical transducer is a structure 
whose input and output image impedances are 
equal. 

5.3 Dissymmetrical transducer (dissymmetrical 
network).—A dissymmetrical transducer is a 
transducer whose input and output image im- 
pedances are unequal in magnitude or phase or 
both. 

5.4 Selective transducer (selective network).—A 
selective transducer is a structure designed to give 
some predetermined insertion loss—frequency or 
phase shift—frequency characteristic. 

5.5 All-pass transducer (all-pass network).— 
An all-pass transducer is a structure whose 
attenuation constant is zero for all frequencies 
from zero to infinity. 

5.6 Equivalent network.—An equivalent net- 
work is a network of impedances, which, at a 
given frequency or over the entire range of 
frequencies, is the equivalent of another network. 





| 
: 
: 
| 
| 


5.7 Wave filter—A wave filter is a selective | 


*For instance in the case of an electromechanical 
transducer the blocked impedance is the impedance 


measured at the electrical terminals when the mechanical 7 


system is blocked or clamped. 
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transducer which introduces a negligible insertion 
loss over a certain finite range (or ranges) of 
frequencies and a relatively large insertion loss 
at all other frequencies. 

5.8 Low pass wave filter—A low pass (LP) 
wave filter is a selective transducer which 
efficiently passes waves of all frequencies from 
zero up to a certain frequency—called the cut-off 
frequency—and effectually bars waves of all 
higher frequencies. 

5.9 High pass wave filter —A high pass UIP) 
wave filter is a selective transducer which 
efficiently passes waves of all frequencies down to 
a certain frequency—called the cut-off frequency 
—and effectually bars waves having frequencies 
lower than the cut-off frequency. 

5.10 Band elimination wave filter—A band 
elimination (BE) wave filter or a “‘low-and- 
high pass’’ wave filter is a selective transducer 
which efficiently passes waves of all frequencies 
from zero up to a certain frequency, f1; effectually 
barring waves of all frequencies between f; and 
a higher frequency fe, and efficiently passing 
waves having a frequency higher than fo. 

5.11 Band pass wave filter —A band pass (BP) 
wave filter is a selective transducer, which 
efficiently passes all waves between two given 
frequencies, and effectually bars all waves whoes 
frequencies lie outside of this range. 

5.12 Composite wave filter—A composite wave 
filter is a network of serially connected wave 
filter sections some or all of which are different 
in their transfer constants but adjacent sections 
of which are equal in their image impedances at 
their junction. 

5.13 Constant resistance structure.—A constant 
resistance structure is one whose iterative im- 
pedance in at least one direction, is a pure 
resistance and is independent of the frequency. 

5.14 Transducer (proposed American Standard 
definitions of electrical terms—C42: 70.05.120).— 
A transducer is a device by means of which 
energy may flow from one or more transmission 
systems to one 
systems.*° 


or more other transmission 





® The energy transmitted by these systems may be of 
any form (for example, it may ‘be electrical, mechanical or 
acoustical), and it may be of the same form or different 
forms in a various input and output systems. 
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TABLE I. A just scale (see 6.14). 

















FREQUENCY 
RATIO FROM CENTS FROM 
STARTING STARTING 
INTERVAL POINT POINT 
IN re es eee yer eee | ae 
se aaa ar rane 16:15 111.731 
PM BO 8 oe Seca ace: 10:9 182.404 
|g eee 9:8 203.910 
a ee 6:5 315.641 
at eee 5:4 386.314 
WRI ae siwrcisare ance bwanaans 4:3 498.045 
Augmented Fourth..........| 45:32 590.224 
Diminished Fifth........... 64 : 45 609.777 
MURS hs beBil ios shan oe atk 3:2 701.955 
[| 8:5 813.687 
i Lo 844.359 
Harmonic Minor Seventh . 7:4 968.826 
Grave Minor Seventh........ 16:9 996.091 
Minor Seventh. ... ..... ..- cc. 9:5 1017.597 
Major Seventh.............. 15:8 1088.269 
CUO isiste ces tase ais 221 1200.000 








Note: The following theoretical just intervals are also used in musical 
acoustics and musical theory. 











VALUE 
7 FREQUENCY IN 
NAME OF INTERVAL DESCRIPTION RATIO CENTS 
Comma of Didymus Excess of ‘major tone 
over minor tone 81:80 21.506 


Comma of Pythagoras | Excessof 12 just fifths 


over 7 octaves 531441 : 524288) 23.460 

Skhisma Excess of Pythago- 
rean over Didy- 
mean comma (al- 
most exactly equal 
to the difference 
between a just and 
an equally tem- 
pered fifth) 


32805 : 32768 1.954 





5.15 Passive transducer.—A passive transducer 
is one in which the power supplied to the second 
system is obtained exclusively from the power 
available from the first system. 

5.16 Ideal transducer—An ideal transducer 
for connecting two specific systems is a passive 
transducer which converts the maximum possible 
power from the first system to the second. 

5.17 Electro-acoustic transducer.—An electro- 
acoustic transducer is a transducer which is 
actuated by power from an electrical system and 
supplies power to an acoustic system or vice 
versa 

5.18 Ideal electro-acoustic transducer.—An ideal 
electro-acoustic transducer for connecting two 
specific systems is a passive transducer which 
converts the maximum possible power from the 
electrical system to the acoustic system or vice 
versa. 
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TABLE II. Equally tempered scale (see 6.15). 























FREQUENCY (CYCLES PER FREQUENCY 
NAME AND NUMBER OF SECOND) AT STANDARD PITCH CENTS FROM RATIO FROM 
TONE FROM C40 IN NAME OF INTERVAL FROM C40 AS Aa =440 STARTING STARTING 
ASCENDING ORDER STARTING POINT CycLes PER SECOND POINT POINT 
Cu Unison 261.626 0 1:1 
C¥a—Dba Half-Tone 277.183 100 1.059463 : | 
D4 Whole Tone 293.665 200 1.122462 : ] 
D#43— Ebas Minor Third 311.127: 300 1.189207 : 1 
E44 Major Third 329.628 400 1.259921 :1 
"45 Fourth 349.228 500 1.334840 : | 
a Augmented Fourth ! 
I 746 Gas Diminished Fifth 369.994 600 1.414214 ° 1 
Gaz Fifth 391.995 700 1.498307 : | 
GF4s— Abas Minor Sixth 415.305 800 1.587401 : 1 
Ags Major Sixth 440.000 900 1.681793 :] 
A#Zs0— B50 Minor Seventh 466.164 1000 1.781797 : 1 
Bs: Seventh 493.883 1100 1.887749 : | 
C52 Octave 523.251 1200 2:4 

















TABLE III. Frequencies of the tones of the equally tempered scale as used in music, named and numbered according to their 
positions on the pianoforte keyboard and calculated according to the American Standard pitch (See 6.106). 





















































NAME ON ist OcTAVE | 2ND OctTaAvE | 3RD OcTAVE | 4TH OcTAVE | 5TH OcTAVE | 61TH OcTAVE | 77H OcTAVE | 8tH OCTAVE NAME ON 
PIANOFORTE | No. CycLes | No. CycLes | No. CycLtes | No. CycLes | No. CycLes | No. Cycies | No. CycLes | No. Cycies | PIANOFORTE 
KEYBOARD | PER SECOND | PER SECOND | PER SECOND | PER SECOND | PER SECOND | PER SECOND | PER SECOND | PER SECOND | KEYBOARD 
an 1 27.500 | 13 55.000 | 25 110.000 | 37 220.000 | 49 440.000 | 61 880.000/73 1760.000|85 3520.00C i 
Az—Bpb 2 29.135 | 14 58.270 | 26 116.541 | 38 233.082 | 50 466.164 |62 932.328) 74 1864.655| 86 3729.310 A=—B> 
3 30.868 | 15 61.735 | 27 123.471 | 39 246.942 | 51 493.883 |63 987.767|75 1975.533|87 3951.066 B 
oe 4 32.703 16 65.406 | 28 130.813 | 40 261.626 | 52 523.251 |64 1046.502|76 2093.005)| 88 4186.009 3) a 
C#—Dpb 5 34.648 | 17 69.296 | 29) 138.591 | 41 277.183 | 53 554.365 |65 1108.731|77 2217.461 ‘-—D> 
D 6 36.708 | 18 73.416 | 30 146.832 | 42 293.665 | 54 587.330 | 66 1174.659|78 2349.318 
DZ—Eb 7 38.891 | 19 77.782 | 31 155.563 | 43 311.127 | 55 622.254 | 67 1244.508|79 2489.016 4—Eb 
E 8 41.203 | 20 82.407 | 32 164.814 | 44 329.628 | 56 659.255 | 68 1318.510| 80 2637.021 E 
F 9 43.654 | 21 87.307 | 33 174.614 | 45 349.228 | 57 698.456 | 69 1396.913| 81 2793.826 F 
F2—Gpb 10 46.249 | 22 92.499 | 34 184.997 | 46 369.994 | 58 739.989 |70 1479.978| 82 2959.955 72—Gb 
= iy 11 48.999 | 23 97.999 | 35 195.998 | 47 391.995 | 59 783.991 |71 1567.982| 83 3135.964 - 
Gs—Ab 12 51.913 | 24 103.826 | 36 207.652 | 48 415.305 | 60 830.609 |72 1661.219/| 84 3322.438 Ga—Ab 
6.0 Music 6.8 Interval.—The interval between two tones 


6.1 Tone.—A tone is a sound giving a definite 
sensation of pitch. 

6.2 Pitch—Pitch is a sensory characteristic 
arising out of frequency, which may assign to a 
tone a position in a musical scale.*® 

6.3 Simple tone (pure tone. See 1.2).—A simple 
tone is one which consists of a single frequency. 

6.4 Compound tone.—A compound tone is one 
which consists of more than a single frequency. 

6.5 Partial tone.—A partial tone is any com- 
ponent of a compound tone. (See 1.11.) 

6.6 Fundamental tone—The fundamental tone 
of a compound tone is that one of its partials 
which has the lowest frequency. (See 1.8.) 

6.7 Harmonic.—A harmonic is a partial whose 
frequency is an integral multiple of the funda- 
mental frequency. (See 1.9.) 

% The pitch of any tone is commonly indicated by the 


frequency of a simple tone of specified intensity corre- 
sponding in pitch to the tone. 





is a measure of their difference in pitch, and is 
usually numerically represented by the ratio of 
their frequencies. (See Table I.) 

6.9 Note.—A note is a conventional sign used 
to indicate the pitch, or duration, or both, of 
a tone. 

6.10 Octave.—An octave is the interval be- 
tween any two tones whose frequency ratio is 
2:1. (See 1.7.) 

6.11 Equally tempered half-tone. An equally 
tempered half-tone is the interval between any 
two tones whose frequency ratio is the twelfth 
root of two. 

6.12 Cent.—A cent is the interval between any 
two tones whose frequency ratio is the twelve 
hundredth root of two.*? 

6.13 Scale.—A scale is a series of tones ascend- 
ing or descending in frequency by definite 
intervals, suitable for muscial purposes. 

37 1 octave = 12 equally tempered half tones = 1200 cents. 
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6.14 Just scale (untempered scale).—A just 
scale is a musical scale employing only intervals 
found in the harmonic series. (See Table I.) 


6.15 Equally tempered scale—The equally: 


tempered scale is a division of the octave into 
twelve equal intervals, called equally tempered 
half-tones. (See Table II.)* 


3% Tones belonging to the equally tempered scale may be 
identified without the use of musical notation by the 


6.16 American standard pitch—The standard 
pitch for America is based on the frequency 


440 cycles per second for tone A4g on the piano- 
forte keyboard. (See Table III.) 


method used in Tables II and III annexed to these defini- 


tions. In this method the name of the tone (A, B, C, etc.) 
is given followed by a subscript number indicating the 
place of the key corresponding to it on the pianoforte key- 
board. The tone of lowest frequency is therefore denomi- 
nated A;. The tone of highest frequency is Css. Middle C is 
Cw; and so on. 
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Proposed Specifications for Audiometers for General Diagnostic Purposes 


FOREWORD 


HE Subcommittee on Audiometry and Hearing Aids of the Sectional Committee on 
Acoustical Measurement and Terminology—Z24, which developed the specifications here 


presented, has the following personnel: 


VERN O. KNuDSEN, Chairman 
WILBERT F. SNypDER, Vice Chairman 
Howarp A. CARTER 


C. A. CLARKE 


Epmunp P. Fowter, M.D. 


Henry H. HArTIG 


J. B. Keviy, Secretary 


S. F. LYBARGER 


DouGLAs MACFARLAN, M.D. 
Horace NEWHART, M.D. 


H. A. PEARSON 
G. SEARS 


S. 
NorRMAN A, WATSON 


The first meeting of the subcommittee was held on March 20, 1936. It was agreed by the 
subcommittee that Audiometry should be considered first and that proposed standards 
for audiometers should be formulated before any consideration was given to hearing aids. 
Since that time four additional meetings have been held. Audiometer standards proposals were 
drafted and sent to various audiometer and hearing aid manufacturers and to individuals 
known to have interest in the subject. Their resulting comments and suggestions were con- 
sidered and the proposals revised as presented herewith for comment and criticism. 





INTRODUCTION 


UDIOMETERS are used to measure hear- 

ing acuity. Several types are available 
designed for different purposes, such as in schools 
for testing of the children in groups; in industry, 
for rapid testing of employees or prospective 
employees to assure that they have satisfactory 
hearing ability; etc. The particular type of 
audiometer with which these standards proposals 
are concerned provides pure tones, of selected 
frequencies covering a wide range, and of con- 
trolled intensity. 

The purpose of the audiometer standards is 
to bring about a condition such that a hearing 
test of a given individual on various audiometers 
designed in accordance with the standards will 
yield substantially the same results and that the 
results obtained truly represent a comparison 
of the hearing acuity of the person tested and 
the normal threshold of audibility. 

Certain of the standards recommended by the 
committee are obviously minimum standards. 
It is recognized that manufacturers may find it 
desirable to make available audiometers with 
additional facilities; for example, they may 
design an audiometer on which it is possible to 


obtain a tone of any frequency within a range | 
of several thousand cycles. It is not intended 
that these standards should preclude the inclu- 
sion of any such additional facilities. 


PROPOSED SPECIFICATIONS FOR AUDIOMETERS 
FOR GENERAL DIAGNOSTIC PURPOSES 


1. Range of frequency of tone source 


At least the following seven tones shall be 
provided and identified: 128, 256, 512, 1024, 
2048, 4096 and 8192 cycles per second. 


2. Control of intensity 


The intensity of the tone source shall be con- 
trollable. Intensity steps corresponding to nomi- 
nal 5 decibel intervals (or less) shall be identified. 

The intensity range of the test tones above 
normal threshold shall be at least that as follows: 


Test tone Intensity range 
cycles per second decibels 
128 55 
256 75 
512 95 
1024 90) 
2048 85 
4096 75 
8192 55 
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3. Accuracy of frequency 


The frequency of any test tone shall remain 
within +5 percent of the designated value 
under the manufacturer’s specified or indicated 
operating conditions. 


4. Audiometer calibration 


The receiver output corresponding to each 
identified intensity step shall be within +5 
decibels of the indicated value as referred to 
normal threshold. Indicated 5 decibel steps 
shall be not less than 3.5 decibels nor more than 
6.5 decibels. 


5. Purity of tone 


In the air conduction receiver the fundamental 
component of any tone shall be at least 25 
decibels above any other component when meas- 
ured on a closed coupler artificial ear of from 
4 to 5 cubic centimeters volume. 


6. Extraneous noises 


(a) The level above threshold of the sound (for 
normal hearing people) caused by line noise 
(hum and commutator ripple) shall be at least 
60 decibels below the sensation level produced 
by the test tone for frequencies of 1024 cycles 
per second and above. 

(b) A bone conduction receiver shall be so 
constructed that it does not produce sound in 
the air to such an extent that the sound reaching 
the tympanum through the auditory meatus 
could influence the validity of the bone con- 
duction measurement. When the bone conduc- 
tion receiver is placed in approximately the same 
position as is used in testing bone conduction 
but is held just off the head instead of in contact, 
at all frequencies, the sensation level of the sound 
reaching the tympanum shall be at least 5 
decibels below the level which the receiver 
generates by bone conduction when in contact 
with the head, as judged by a normal ear. 


7. Air conduction receiver calibration 


NOTE: While the responsibility for meeting the follow- 
ing requirements is primarily that of the manufacturer, 


it is recognized that the apparatus necessary for calibration 
is of somewhat elaborate and special character and it is 
expected that there will be a central testing agency, such 
as the National Bureau of Standards, available to under- 
take the calibration of audiometers for those manufacturers 
who are not in a position directly to equip themselves. 


The following method shall be employed for 
the calibration of audiometer receivers. 

(a) Suitable receivers having permanent char- 
acteristics shall be used to determine the thres- 
hold of hearing of a large group of normal hearing 
people in a room free from extraneous noise. 
The electrical input required to elicit average 
normal threshold will then be known. 

(b) The calibration of the receiver shall then 
be transferred to a suitable artificial ear. 

(c) Receivers, which are duplicates of those 
referred to in (a) above, may be submitted by 
audiometer manufacturers for calibration by 
comparison with the primary standards on the 
artificial ear. 


8. Threshold of audibility 


The American Tentative Standard Acoustical 
Terminology defines the normal threshold of 
audibility as the modal value of the thresholds 
of audibility of a large number of normal ears. 
For purposes of recording, the threshold of 
audibility at any frequency is the audiometer 
setting corresponding to the lowest intensity at 
which the person being tested is able to indicate 
correctly more than half the time that he is 
hearing. 


9. Auditory record chart 


An auditory record chart shall use the same 
base line for bone conduction test results as for 
air conduction results. The chart shall be as 
simple as possible. The coordinates of the chart 
shall be some appropriate number of decibels 
and octaves or fractions of an octave. In order 
that the chart may present a suitable visual 
impression there shall be a ratio of about 1 to 2 
between the dimension of a 10 decibel step and 
that of an octave step. 
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Program of the Seventeenth Meeting of the Acoustical Society of America 


May 3 AND 4, 1937 


NATIONAL BUREAU OF STANDARDS 


WASHINGTON, D. C. 


Monpay, May 3, 1937, 9:30 A.M. 


1. A Sensitive Method of Measuring Magnetic Flux in 
Small Areas. A. L. Tuuras, Bell Telephone Laboratories. 


(15 minutes.)\—Most acoustical measuring and sound 


reproducing instruments at the present time make use of 
magnetic circuits in which the concentrated flux in an 
air gap is utilized. To design efficient magnetic circuits it 
is necessary to know the magnitude of the leakage flux. 
Mapping of leakage flux is made by measuring the voltage 
generated by a vibrating wire as it is moved throughout 
a magnetic field. By amplifying the generated voltage it is 
possible to measure low intensity magnetic fields in very 
small areas. The method is remarkably accurate in meas- 
uring a nonuniform magnetic field. 


2. Demonstration of Dorsey Fathometer. H. G. Dorsey, 
Coast and Geodetic Survey. (10 minutes.)—This instrument 
was recently developed at the U. S. Coast and Geodetic 
Survey Hydrosonic Laboratory as a precision instrument 
for visually measuring ocean depths by echoes. It has been 
regularly used on the surveying ships in place of the lead 
and line and gives 20 echoes per second, or a measurement 
about every foot. No moving contacts are used, the signals 
being sent by light reflected to a photoelectric tube. The 
speed is accurately controlled by operating the indicator 
with a synchronous motor, driven from a tuning fork. 
Results are so accurate that phenomena of surveying are 
discovered which were never revealed by the hand lead 
methods. The demonstration will show echoes in air at 
distances of a few feet by high pitched sounds, results 
considered impossible with sounds of ordinary frequencies. 


3. Acoustic Signaling along the Plane Boundary be- 
tween Two Media. G. W. PIERCE AND ATHERTON NOYES, 
Jr., Harvard University. (Presented by Dr. Noyes.) (15 
minutes.)—The paper presents an experimental and 
theoretical discussion of acoustic signaling between a 
sending station and a receiving station near a plane 
reflecting surface, and is applicable to fog horn and 
submarine signaling. The experiments were made with a 
small scale apparatus employing supersonic waves of a 
frequency of 67.5 kilocycles per second. It is shown that 
at grazing incidence the direct and reflected waves cancel, 
or partially cancel, as predicted by theory. The cancellation 
for propagation in air near a water surface, or other surface 
of high sound velocity and high density, is found to be 
restricted to angles very near to grazing incidence. On 
the other hand, theory predicts cancellation for much 
larger departures from grazing incidence if the reflecting 


surface has high density but low velocity; experimental 
curves for transmission over beach sand and certain other 
substances resemble such theoretical results very closely, 
Acoustic mirages caused by temperature gradients were 
studied experimentally, and their effects are shown to be 
of striking importance in modifying the above results, 


4. Loudness Factors of Sound-in-Air Fog Signal Units, 
IRvING L. GILL, Signal Engineer, U. S. Lighthouse Service, 
Washington, D. C. (30 minutes.)—The Bureau of Light. 
houses of the U. S. Department of Commerce has estab- 
lished a fog signal testing laboratory at Cape Henry Light 
Station, Virginia. Field tests of reciprocating piston type 
and diaphragm type air horn signals were made during the 
Fall of 1936, and this paper presents data with slides show. 
ing a loudness-distance curve for a diaphone signal, pressure- | 
air consumption and pressure-loudness curves for a dia- 
phragm air horn, and tables showing frequency structures 
of reciprocating piston and diaphragm types of fog signal 
units. The analysis of frequency structure was accom- 
plished with a General Radio Co. type 636-A Wave 
Analyzer. It is shown that these signals have a large 
number of harmonics and that the reciprocating piston 
type unit (diaphone) produces the major energies in the 
harmonic structure. The fundamental frequency does not 
apparently contain the greatest energy. Data are also 
presented showing the frequency of the diaphone piston 
for comparison with the frequency of the sound signal 
from this same instrument. Loudness curves showing field 
patterns of various sound signal units around the horizon 
are presented, as well as data indicating that frequencies 
above the range of about 300 cycles per second may be 
propagated with less loss of energy over an increasing 
distance range than lower frequencies. 


5. Requirements of the Bureau of Marine Inspection 
and Navigation for Emergency Announcer Systems. F. C. 
Hoe.z_e, Bureau of Marine Inspection and Navigation. 
(20 minutes.)—To replace the use of megaphones to give 
orders to crew and passengers in times of disaster and 
other emergencies, Congress has passed certain laws 
requiring the use of sound amplifying systems on American 
ocean vessels. Such a system would be used in times of 
emergency to summon the crew, direct passengers to 
embarkation deck and life boats, and to avert panic. 
Necessarily, such a system must be extremely reliable 
and equipped with stand-by apparatus for use in case ol 
breakdown. The system must be rugged to withstand 
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shock, salt water and other abuses. The acoustical power 
radiated by the loudspeakers must be sufficient to ‘‘over- 
ride” the noise of storms and the general turmoil of any 
type of disaster. 


6. Radiation Pressure by Torsion Pendulum and by 
“Weighing” on Spring Balance (With Demonstration). 
Evias Kien, Naval Research Laboratory. (25 minutes.)— 
Spherical radiometers were utilized to measure the steady 
pressures existing in a sound field. Similar determinations 
were made with a special helical spring. Comparative data 
as obtained by the two methods in liquids at supersonic 
frequencies are presented. The possibilities of these devices 
to serve as standard acoustical receivers in liquids are 
discussed and a plan for such a standard is briefly outlined. 


7. Complex Elastic Wave Patterns in the Earth and 
Their Directional Analysis. FRANK RIEBER, Los Angeles, 
Cal. (By title only.)—Geophysical prospecting by the so- 
called reflection shooting method encounters many diffi- 
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culties in certain regions, due to the fact that the impulse 
from an explosion near the surface may be returned as a 
complex group of reflected waves, arriving from various 
directions at the same time. A new method for recording 
and analyzing such complex wave groups is described. 
It consists in detecting the arriving waves at a number of 
points on the earth’s surface by a properly placed group 
of pick-up devices. The vibrations at each of these pick-up 
points are recorded as a sound track, ten such tracks being 
conveniently placed side by side on a single piece of 
motion picture film. This sound track record may then be 
passed through a photoelectric analyzer which is adapted 
to select and separate the waves arriving from different 
directions. The analyzing apparatus records its findings 
in the form of an ink record on paper which may then be 
used as a basis for constructing the geophysical section. 
By the use of this new method work has been carried on 
with great success in many regions where the confusion in 
wave patterns was so great as to preclude the use of other 
types of reflection equipment. 


Monpbay, May 3, 1937, 2:00 p.m. 


Symposium on Vibrations 


Sufficient time has been allotted at this session for a general discussion of the papers presented at 


this symposium. 


8. Vibration Instruments. C. D. GREENTREE, Associate 
A, 1. E. E., General Engineering Laboratory, General Electric 
Company, Schenectady, N. Y.—The accuracy and useful- 
ness of portable electrical vibration measuring instruments 
depend to a great extent upon the excellence of the 
mechanical system employed to create a stationary body 
relative to which a measurement can be made. For ex- 
ample, changes or modifications which tend to increase 
the responsive frequency range may disturb the vibration 
amplitude of the body itself, or decrease the sensitivity of 
the device. In addition, certain types of signal generation 
and amplification seem to be best suited to the specific 
measurement of vibration amplitude, velocity or acceler- 
ation. Electrical vibration signals permit the use of easily 
portable high gain vacuum tube amplifiers and the direct 
visualization of frequency, wave shape, etc., by means of 
magnetic or cathode ray oscilloscopes. They also make it 
easier to adapt the instrument for telemetered indicating 
or recording. The means developed for testing vibration 
instruments of different kinds and varying ranges has 
helped to improve the design of the instruments. 


9. Vibration Problems in Buildings. L. H. Youn, 
Barss, Knobel and Young.—A study was made of the 
vibrations set up in a school building by pupils exercising 
in the gymnasium. The frequency of the disturbing 
vibration was near enough to the natural frequency of the 
girder system to cause disturbance. The possibility of 


operating at resonant speed was present. Measurements 
were made of the magnitude of the disturbance and from 
these the disturbance at resonance was calculated. The 
results of the analysis and corrective methods are discussed. 
Vibration records are given as illustration. 


10. Coordinated Treatment of Automobile Noise and 
Vibration. R. N. JANEwAy, Chrysler Corporation, Detroit.— 
The object of this paper is, first, to consider the various 
sources of mechanical vibration and noise in the automobile 
together with their respective characteristics and treat- 
ment; and, second, to attempt by analysis of available data 
to show a fundamental coordination in human reaction to 
noise and vibration. For the most part, noise and vibration 
have always been treated as independent problems both as 
to their origin and effect. Actually, they are so closely re- 
lated in both respects that intelligent approach to the job of 
promoting passenger comfort in automobiles requires broad 
visualization of noise and vibration as coordinated phe- 
nomena. In outlining the various sources of mechanical 
vibration and noise, they are to be treated both in their 
independent and interrelated aspects. The vibration 
sources are subdivided into external disturbance to vehicle, 
engine dynamics and unbalance in drive members; inde- 
pendent noise sources to be considered are road surface 
factors, tire characteristics and those directly excited by 
engine operation. In each case, the method of treatment 
will be discussed from the standpoint of practical necessity 
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for obtaining maximum results at minimum cost. The _ present in a given environment to obtain a single resultant 
available data with regard to human annoyance factors, human discomfort factor. 

while meagre, are sufficient for developing an analytical 

method of coordinating noise and vibration reactions. 11. A Method for Evaluating Compliant Materials jp 
Using Professor Jocklin’s data on human vibration Terms of Their Ability to Isolate Vibrations. Wittiay 
tolerance, and Hale Sabine’s data on equal annoyance JACK AND JOHN S. Parkinson.—A method is given fo 
noise levels, it will be shown that when both types of evaluating by dynamic means the stiffness and resistance 
disturbance are expressed in the same dimensional units, of a vibrating system. By using this method, compliant 
a similar characteristic variation of tolerance with fre- materials not readily evaluated by static means may be 
quency is indicated. The hypothesis is advanced that investigated. The actual efficiencies of isolating systems 
noise, having been generated by mechanical vibration, is are compared with the efficiencies predicted from 
reconverted by the mechanism of hearing into analogous theoretical one-degree-of-freedom treatment. The com. 
disturbance of the human organism to that set-up by parison is favorable, but certain limitations of the theo. 
directly transmitted vibration. Much further research is retical treatment are discussed. 

essential to establish a definite quantitative relation 

between the two types of excitation. Eventually, it should 12. A New Continuous Frequency Audiometer. D. 1, 
be possible to integrate both the noise and vibration BELL. 
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Society Dinner at Wardman Park Hotel 


Monpay, May 3, 1937, 8:00 p.m. 


New 

Tour of Federal Buildings starting from Wardman Park Hotel. This tour will ait 
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13. Finite Solid Acoustic Filters. R. B. Linpsay AND 14. Variations in Absorption Coefficients as Obtained 
A. B. Focke, Brown University. (15 minutes.)—Most of | by the Reverberation Chamber Method. R. M. Morris, 
the previous theoretical work on acoustic filtration has National Broadcasting Company, G. M. Nixon, National 
dealt with idealized infinite structures. The present paper- Broadcasting Company, J. S. PARKINSON, Johns- Manville, 
is a theoretical study of finite solid filters together with an Jnc. (20 minutes.)—Absorption coefficients determined by 
experimental check of the results obtained from the the reverberation chamber method on the same material 
theoretical discussion. Two types of filters are considered. _in different laboratories are not in agreement. The dis 
The first consists of a solid rod loaded at equal intervals crepancies were noted with several materials tested in 
with heavy masses; the second consists of a structure in both the NBC and J-M laboratories. An investigation, 
which rods of one material are alternated with rods of a involving comparative measurements on materials d 
second material, each pair of rods being similar tothe next different absorbing efficiencies, was undertaken to deter- 
pair. Expressions are derived for the power transmission mine the reasons for the variations. The results indicate 
ratios and for the phase changes which occur between _ that the order of agreement depends on frequency and the 
successive sections of the filters. Experimental filters, absorptivity and size of the sample under test. Various 
which were designed to approximate the theoretical reverberation time formulas have been proposed and of 
considerations, are tested for their transmission character- these the Millington formula tends to give the best 
istics. The acoustical system is set into vibration by a agreement and most reasonable results under the test 
modified dynamic speaker unit. The vibrations in the conditions. An attempt is made to define the limiting 
system are detected by phonograph pickups. Satisfactory assumptions of the formula empirically from absorption 
agreement of theory and experiment is obtained. vs. sample area data obtained during the investigation. 
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15. The Kansas City Municipal Auditorium Acoustics 
and Sound Reinforcement. G. T. Stanton anv C. C. 
Potwin, Electrical Research Products, Inc. (15 minutes.)— 
The Kansas City Municipal Auditorium, with an enclosed 
volume of more than 4,500,000 cubic feet, presents an 
outstanding example of excellent acoustic design. The 
ultimate success of this project was made possible through 
architectural consideration of acoustic requirements in 
the original design stage. In this paper, the various phases 
of the acoustic design of the auditorium will be discussed. 
Experience has proved that the theoretical formulae 
commonly used in making acoustic analysis of enclosures 
do not hold for auditoria having extremely large volumes. 
Reverberation measurements made in existing large 
auditoria have proved of invaluable aid in establishing the 
actual requirements for new design. With respect to 
surface treatment, particular emphasis will be placed on 
the value of acoustic specifications and job sample testing 
in guaranteeing complete fulfilment of the sound absorption 
requirements. The public address system was specially 
designed to coordinate with the acoustic characteristics 
of the auditorium and to ensure the best distribution of 
amplified sound with a minimum of wall and ceiling 
reflections. The features of this system, in their relationship 
to the acoustic and esthetic qualities of the auditorium, 
will be discussed. 


16. Sound Propagation in Ducts Lined with Absorbing 
Materials. L. J. SrviaAn, Bell Telephone Laboratories, 
New York. (15 minutes.)—In ventilator and exhaust 
systems it is desirable to provide a high degree of attenu- 
ation for audio frequency sound waves while offering low 
resistance to continuous or slowly pulsating air flow. For 
that purpose ducts lined with absorbing materials fre- 
quently are used. This paper deals with sound propagation, 
particularly with its attenuation constant, in such ducts. 
A method for computing the propagation constant in 
terms of the acoustic constants of the lining and of the 
duct dimensions, is given. Two types of lining are con- 
sidered, nonvibratile and vibratile, the former admitting 
of no wave motion propagated in the direction of the duct 
axis within the lining itself. Experimental data are pre- 
sented for a duct lined with rockwool, and are compared 
with computed attenuations. It is concluded that the 
computational procedure is fairly valid up to a frequency 
at which the sound wave-length is about twice the internal 
duct diameter. 


17. Sound Frequencies from an Airplane Exhaust 
System. Henry H. BrupeRLIn, Sound and Vibration 
Engineer, Douglas Aircraft Company, Inc. (15 minutes.)— 
Noise from a typical aircraft exhaust system consists 
chiefly of a combination of pitched tones, which have been 
considered by past publications to be the firing frequency 
and its harmonics. Investigation has shown that such 
frequencies may be nearly or completely absent and may 
be replaced by a number of fundamentals and their 
harmonics, which may not be harmonically related to the 
firing frequency, and that this frequency shift may be 
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readily determined from the configuration of the exhaust 
system, the firing order and the density of the exhaust gas. 


18. The Amplification of Sound Received by Horns. 
S. BLOOMENTHAL, Assoc. Phys., U. S. War Dept., Frankford 
Arsenal, Philadelphia, Pa. (Read by title only..—1. The 
known equations for the amplification of sound received by 
conical, exponential, hyperbolic and parabolic horns are 
deduced on the basis of Webster’s theory using a more 
direct method than is generally employed. 2. Representa- 
tive theoretical and experimental amplification curves are 
given for each type of horn. 3. The variation with frequency 
of the ratio of sound pressure at the closed end to that just 
inside the mouth for the various type short horns having 
the same length, throat and mouth areas is calculated to 
show the superiority of the exponential horn. 4. The 
amplification of a short conical horn with exponential 
listening pipe is also considered. 


19, The Acoustics of the Telephone Receiver with a 
New Earcap. Pout JARNAK, Hilleroed, Denmark, and 
Department of Physiology, College of Physicians and 
Surgeons, Medical Center, Columbia University, New York 
City. (10 minutes.)—The invention of a new earcap for 
the telephone receiver is described incorporating a resona- 
tory body which consists of a channel-formed room made 
up of a number of tubes open at both ends. The develop- 
ment of this invention has been based on investigations of 
the actions from the resonatory body of the violin and 
through studies on a new type of an organ pipe. It has 
been found by subjective tests that this new earcap 
compared to the standard earcap, now in general use, 
reproduces sounds with less ‘‘singing’’ mechanical vibra- 
tions from resonance in the diaphragm. Consequently an 
improvement in making speech clearer and music more 
mellow has been accomplished. It is believed that the 
acoustical improvement obtained by the new earcap is due 
to the interaction between the vibrations excited in the 
diaphragm and the interfering standing waves generated 
thereby in the tubes. This action reaches an optimum by 
the formation of a differential wave which is one octave 
below the excited fundamental if the tubes have such 
dimensions in relation to one another that their resonance 
frequencies build a series of numbers, the terms of which 
have the proportion 2 : 3. The aural impression of a more 
true reproduction of sound with the new earcap has been 
confirmed by tests supplying electric currents of a single 
sine wave and of combined waves to the same telephone 
receiver alternatively equipped with the two different types 
of an earcap, the standard one and the new earcap, the 
sound intensity produced accordingly being measured 
and recorded with an oscillograph. 


20. Magnetic Recording and Reproducing. C. N. 
Hickman, Bell Telephone Laboratories, Inc. (15 minutes.) 
—This paper describes an improved method of recording 
sound magnetically on steel tape, similar in principle to 
that of the Poulsen telegraphone. By making use of 
perpendicular instead of longitudinal magnetization, the 
speed of the tape may be reduced as low as 8 inches per 
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second for recording speech. The low tape speed eliminates — reduced. The recording medium is a steel tape having 
many of the difficulties encountered with those systems — thickness of about 2 mils and a width of about 50 mils, 
which made use of longitudinal magnetization. The ratio A small recording and reproducing machine will phe 
of the signal to the background noise has been substantially | demonstrated. 
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21. The Dynamics of the Auditory Ossicles. Orro sounds, and these negligibly. The glottal puff is an efficient 
STUHLMAN, JR., The University of North Carolina at Chapel . complex sound generator. The abruptness of this puff 
Hill. (145 minutes.)—Ossicles model, 24 magnification, was determines the brilliance or ‘‘resonance”’ of the sound, 4 
constructed with accurate scale reproduction of articu- sudden puff from any source causes a 2800~ oscillation 
lating surfaces. Model mounted on a turntable with of the air. This ‘‘atmospheric natural frequency” jg 
anterior process of Malleus in axis of rotation, and articu- responsible for brilliance in good voices. It is the limit 
lating surface up, that of Incus down. Contact lubricated approached by a resonator’s natural frequency as the 
with petroleum jelly. Incus’ short crus pointed upward _ orifice is progressively enlarged. It is a function of the 
about 80° with rotating plane, supported at this end by a __ effective inertia and elasticity of the air in the region of 
small depression simulating the fossa incudis. Axis of the puff. 
rotation, vertically down, without passing through Incus, 
passing through center of gravity of Malleus and termi- 23. Relation Between Loudness and Masking. Harvey 
nating in its anterior process. Lever arms with locked FLETCHER AND W. A. Munson, Bell Telephone Laboratories, 
Malleus-Incus joint, 1.27 to 1.00. Helmholtz’s articulation (15 minutes.)—A functional relationship between the 
3 to 2. Manubrium of Malleus given deflections to 10° in loudness of a sound and the degree to which it masks 
horizontal plane. Motion communicated to lenticular single frequency tones, that is, the masking audiogram of 
process of Incus recorded with a 1/100 mm displacement _ the sound, is developed. A loudness masking function js 
gauge. The articulating surfaces turn this motion 39°. determined experimentally. From this loudness masking 
Resulting undistorted motion makes 57° angle with axis of _ relationship the loudness of a sound can be computed by 
long crus of Incus in an anterior direction. Corrugations of _ simply integrating the area under the masking audiogram 
articulating surfaces exist but no locking of ‘‘Sperrzahne” _ plotted on a special chart. Comparisons of computed and 
determinable. A second displacement component exists observed loudness levels are shown for a number of sounds 
at right angles to the axis of the long crus of Incus. Head and serve to illustrate the precision to be expected from 
of Stapes when attached to Incus, contact at inferior side, the method. Finally, the results of a large number of 
thrust up and anterior or down and posterior. Arch of — masking tests are given in the form of masking contours, 
Stapes found to tilt 23° down from perpendicular to foot which enable one to predict the masking audiogram of a 
plate and 7° forward. Resulting thrust gives a maximum sound from measurements of its intensity spectrum. 
displacement to a point on the margin of the foot plate 
located 33° superior to the anterior margin. Resulting 24. Pedagogical Hearing Tests of Large Groups. (. 
foot plate motion is rotation around an axis at the posterior (scar RussELL, Director, Speech and Hearing Clinic, Ohio 
margin, with increased displacement; the rotation around State University, Columbus, Ohio. (15 minutes.)—At Ohio 
the inferior margin becomes more dominant. Verifies State University over 4000 students are examined yearly 
Bekesy’s recent optical analysis. at 90 per hour. The 4-A test was found inadequate and 

indeed misleading. So the following were developed. 

22. Vocal Resonance and Puff Oscillations. Jack C. First, a push-button for each student, recording on a 
Cotton, Phonetics Laboratories, Ohio State University. compound kymograf synchronized with another recorder 
(15 minutes.)—Experiments indicate that chest or tracheal which simultaneously indicated the pitch and intensity of 
resonance has little effect on sounds emitted from the the tone at the instant it was passed into the head-set. 
mouth. Sound transmitted through the chest wall during Too slow and cumbersome, though very accurate. Second, 
phonation has an intensity level 30 decibels or more below the student indicated by marks on a paper how many 
the oral sound. Artificial alterations of the oral cavity times he heard a 2-A audiometer tone interrupted from 
volume prove that any vowel may be produced without one to five times. This modification of the 4-A technique 
loss of vowel character while the oral cavity dimensions proved entirely unsatisfactory. Third, six sound-prool 
are those characteristic of the vowel (i) as in ‘‘machine.’’ booths, with push-button operating flash light on the 
‘Nasal resonance”’ can occur only when the mouth and __ operator’s desk. These are arranged in groups of three to 
nose are coupled together (lowered velum). Louder five, superimposed one above the other. One operator 
phonation is possible with the velum raised. Sound passing follows six to ten lights quite efficiently. This is now 
through the velum is attenuated from 20 to 30 decibels. modified by a ‘‘weeding out” test. Essentially the same, 
Accessory nasal sinus resonance can affect only nasal except that only two tones are tested—256 c.p.s. and 
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8192 c.p.s. Fifteen students tested every three minutes. 
All failing to respond at 15 sensation units above threshold 
are then sent in for complete test. Including latter, 1000 
students are tested daily Freshman Week of the Autumn 


Quarter. 


25. The Mechanical Action of Violins of High Quality. 
F. A. SAUNDERS, Harvard University. (20 minutes.)— 
Continuing work reported two years ago, we have studied 
the mechanical action of about ten excellent violins, five 
of which were made by Stradivarius. These studies con- 
sisted of (a2) measurements of the quality of over 60-tones 
as produced by each instrument, analyzed by H. H. 
Hall’s harmonic analyzer, and (5) measurements with a 
noise meter vielding the total intensity of the same tones. 
The two methods agree in disclosing many resonant 
points in each instrument, mainly due to vibrations of the 
wood of the violin. ‘‘Response”’ (or ‘‘frequency”’) curves 
showing these peaks will be presented, together with 
such deductions as can be made from them as to the 
characteristics common to violins from the same maker, 
the existence of frequency-regions (formants) of high 
response, etc. Minor matters to be discussed are the 
vibrations of the air inside the instrument, the effects of 
different sorts of bowing, the influence of the bow pressure 
on the loudness of the note emitted, etc. 


26. The Harmonic Structure of the Violin Tone as a 
Function of Bow Speed and Bow Pressure. ARNOLD 
SMALL, State University of Iowa. (15 minutes.)—Two 
factors in bowing, speed and pressure, have been varied 
independently by means of a mechanical bow. The results 
of harmonic analysis indicate that both variables may 
operate significantly to alter harmonic structure; that the 
degree of change and relative effectiveness of the two 
factors varies markedly with frequency; that increase in 
speed results in relative decrease in energy in the upper 
partials, while increase in pressure results in relative 
increase in energy in the upper partials. 


27. An Improved Chromatic Stroboscope. Ronert W. 
YOUNG AND ALLEN Loomis, C. G. Conn, Ltd., Elkhart, 
Indiana, (15 minutes.)—A multiple-disk stroboscope is 
described which permits direct measurement of audio- 
frequencies from 32 to 4070 cycles/sec. The light source 


is controlled by the sound whose frequency is to be meas- 
ured. Twelve disks are permanently interconnected by 
suitable gearing to rotate at speeds corresponding very 
closely to the frequencies of the twelve chromatic notes 
within an octave of the equally tempered scale, the disk 
pattern having a separate sector ring for each of the seven 
octaves of the range. The basic driving speed of the 
stroboscope disks is controlled by an electrically main- 
tained tuning fork. In addition, accurately measurable 
variation of the basic speed over a small range is provided 
to permit measurement of any frequency in terms of cents 
deviation from some note of the equally tempered scale 
based on A=440 cycles/sec. (One cent represents a 
frequency difference less than 0.06%.) Applications of the 
device are described illustrating its usefulness in musical 
problems of tuning and intonation. Its special value is 
pointed out for cases in which effects of an audible com- 
parison tone are undesirable. 


28. Pitch Variations Arising from Certain Types of 
Frequency Modulation. Don Lewis, MiLton CowANn, AND 
GRANT FAIRBANKs, State University of Iowa. (15 minutes.) 
—This report deals with an investigation of the pitch of 
sounds characterized by frequency modulation. It has to 
do mainly with the perceived extent of pitch glides. By 
means of a specially-designed variable condenser the 
frequency of an oscillator could be modulated, intensity of 
output remaining essentially constant. Either sinusoidal 
or linear modulation could be obtained, and the amount 
and rate of modulation were both subject to control. It 
was possible to secure, among others, the following types 
of variation: (a) isolated frequency sweeps, either upward 
or downward in direction; (b) upward-downward or 
downward-upward sweeps; (c) sweeps, either upward or 
downward, at the beginning or end of a steady-state 
sound; (d) periodic modulation, that is, frequency vibrato. 
Sounds with vibrato were studied only casually. The 
experimental data, which reveal the relationship between 
perceived extent of glide and both the amount and the 
rate of frequency modulation, are interpreted to indicate 
their bearing on problems of pitch perception in speech 
and music. The results are further shown to have a signifi- 
cant bearing on auditory theory in that they reveal the 
great rapidity with which the ear responds to sounds of 
continuously varying frequency. 








